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Amplitude Distortion as a Function of Frequency* 


C. C. Streett 


Rocketdyne, Canoga Park, California 


The variation in output impedance of triodes and to some extent pentodes as a function of 


instantaneous current leads to a type of distortion not usually taken into consideration. 


The 


detailed evaluation of the characteristics at the extremes of current excursion indicate the source 
of a distortion that is both a function of frequency and amplitude for a given circuit design. Set 
forth are the means by which the effects of this nonlinear behavior may be computed and avoided 
within the limits specified for the circuit’s behavior. 


i THE design of most untuned amplifier circuits a quies- 
cent operating point is usually chosen, and calculations 
are based on the tube characteristics for this condition. In 
a large number of cases this procedure is completely satis- 
factory. However, when a particular application is being 
pushed to its limit, design analysis by this method does not 
indicate the actual behavior. 

Before proceeding with the explanation of why this is so, 
let us examine the behavior of a typical triode amplifier 
using the equation 

Zou = Zu [tp + Zu (1+ w)/Zn + ry + Zu (1 +yp)). 
With this, we may calculate the output impedance for vari- 
ous values of plate current. Assume that our amplifier is 
one section of a 12AX7 and that we are designing for a large 
plate swing with a load resistor of 220 kohms and that the 
bias resistor is bypassed. Let the quiescent point be at 0.65 
ma and 1.5-v negative bias. With the grid swinging between 
—0.5 and —2.5 v the plate current varies from 1.0 to 0.35 
ma. Solving for the output impedance at the extremes of 
the plate swing gives 40 kohms at maximum current and 89 
kohms at minimum current. This gives a ratio of impedance 
of 2.18. To show how amplitude distortion is produced as 
a function of frequency let us examine the behavior of such 
an amplifier tube as part of a more complex circuit. If this 
tube were driving another triode with an input capacitance 
of 50 ppf, the reactive input impedance would equal the 
output of the tube at 35 ke at the minimum current and at 
80 ke at the maximum current. Quiescent condition would 
give as the —3-db point 50 kc. From this analysis it is 


* Presented at the West Coast Convention of the Audio Engineering 
Society, Los Angeles, California, February 7, 1957. 
+ Senior Research Engineer. 


apparent that as a frequency of 30 kc is approached, the 
positive peaks start to be clipped and this progresses mark- 
edly as the frequency goes higher. Negative peak clipping 
does not start till 60 kc is reached. 


Further calculation on the 12AX7 example above, but 
without bypassing the cathode resistor, shows a marked al- 
teration in the behavior. The output impedance rises but 
remains nearly constant over the full swing. The two values 
are 126 and 136 kohms, respectively, giving a ratio of 1.08. 
At first glance this does not seem to be an improvement 
since the largest output impedance of the bypassed method 
is appreciably less than that of the un-bypassed design. 
Further evaluation shows that under many conditions the 
higher value of the latter may be preferable. The —3-db 
point for the un-bypassed circuit is at 22 kc, but the by- 
passed circuit although having less attenuation has a varia- 
tion of gain between 0.84 and 0.96 at the two extremes of 
the plate swing at this frequency of operation. 

The above calculation indicates that wherever the output 
works into a reactive load, distortion becomes a function of 
frequency. Whenever it can be assumed there is no appre- 
ciable reactive load, the distortion in the output will be a 
function of the amplitude of the output signal. 


The circumstances described indicate that if distortion 
resulting from the cyclic variation of tube impedance is to 
be reduced to reasonable limits designs must be determined 
by the tube behavior at the point of minimum current. This 
is often a stringently limiting condition, but preliminary de- 
termination of these limits will save a large amount of ex- 
perimental circuit time. 


These circumstances indicate that for proper design the 
maximum output impedance of such a circuit must be deter- 
mined which, of course, requires a knowledge of the signal 
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AMPLITUDE DISTORTION AS A FUNCTION OF FREQUENCY 


amplitude whether the circuit is feeding a resistive or re- 
active load. 


This behavior may even be observed at times in certain 
applications of pentodes which are usually assumed to have 
almost infinite plate resistance under all conditions when 
used as low level amplifiers. If the output of such a pentode 
is mixed with an external signal through a resistive network, 
it will be found by intermodulation tests that the shift in 
plate resistance of the pentode at the extremes of its excur- 
sion is sufficient to alter the mixing ratio and show appreci- 
able intermodulation in the resulting mixed signal. A fur- 
ther example of this phenomenon is quite commonly en- 
countered when triodes are used as a driving stage for a 
CRT either as plate output or cathode follower. This type 
of distortion is quite subtle, and visual observation is not 
usually sufficient to show its presence. Due to the clipping, 
there is, however, a dc component generated, and it will be 
found that if a high and somewhat limiting frequency is 
suddenly applied to the oscilloscope, the image will first 
appear at an upper portion of the screen and then slowly 
drift back to center as the coupling capacitors in the system 
adjust to the dc difference thus engendered. 


For a cathode follower the output impedance may be cal- 
culated by 


Zox = ZK ((Zn + %)/Zi+%+2Ze (1+ p)], 
and analysis of its circuit behavior can be handled in the 
same manner as outlined for the plate output amplifier. 


APPENDIX. CIRCUIT DESIGN EQUATIONS 
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Problems of Bass Reproduction in Loudspeakers” 


E. M. VILLCHUR 


Acoustic Research, Inc., Cambridge, Massachusetts 


The special problems of speaker bass performance: harmonic distortion, frequency range, and 
uniformity of response (an index of transient response) are discussed, and approaches to their 


solution are made. 


pene special problems associated with speaker bass repro- 
duction have to do with harmonic distortion, uniformity 
of frequency response (an index of transient response), and 
frequency range. Such a statement could be made about 
many other elements of a sound reproducing system, and 
applied to other portions of the frequency spectrum, but the 
problems to be discussed here are peculiar both to speakers 
in general and particularly to their reproduction of the low- 
frequency range. 

We can probably best establish a L .ckground for these 
problems and their current modes of solution by considering 
the case of a speaker mounted in an infinite baffle, that is, 
facing its audience through a hole in a large wall. 


That frequency whose wavelength is equal to about % 
the diameter of the cone is called the frequency of ultimate 
air-load resistance. Above this frequency the air-load re- 
sistance (which, for a given cone velocity, tells us how much 
acoustic energy will be accepted by the air from the speaker) 
remains essentially constant. Below this frequency, how- 
ever, the air-load resistance decreases by a factor of 4 for 
each lower octave—the cone progressively loses some of its 
“bite.”! Thus, if we are to maintain constant acoustic out- 
put from our speaker below the frequency of ultimate air- 
load resistance—approximately 800 cps for a 12-in. speaker 
—the cone velocity must double with each lower octave, and 
the cone excursion must quadruple with each lower octave. 


Current dynamic speakers are mass-controlled over the 
bass range (above their mounted resonant frequency), unless 
they are over- or under-damped, and the requirement for 
doubling of cone velocity with each lower octave is auto- 
matically fulfilled, at least in theory. It is the second listed 


* Presented September 28, 1956 at the Eighth Annual Convention 
of the Audio Engineering Society, New York. 

1J. G. Frayne and H. Wolfe, Elements of Sound Recording (John 
Wiley and Sons, New York, 1949), Chap. 30. 


requirement, that of increasing voice-coil travel by a factor 
of four for each halving of the frequency, which constitutes 
the core of the problem of bass reproduction in speakers. 
Large excursions introduce values of bass harmonic distor- 
tion which would be indignantly rejected as unacceptable in 
the case of any other component, and they make the prob- 
lem of producing fundamental energy at extreme low fre- 
quencies very difficult. A recent report? by a consumer 
testing organization, the Audio League, indicated that speak- 
ers with anything less than 30% distortion in acoustical 
output, at 30 cps and at moderate power, were few in num- 
ber. Distortion ratings for amplifiers are often carried to 
the second decimal place; speaker distortion ratings are con- 
spicuous by their rarity. 

There are three basic approaches to providing the large 
air displacements needed. These are as follows: 

(1) Horn loading the diaphragm. The effective radiating 
area of the diaphragm may be increased to that of the 
horn’s mouth, and a given acoustic output will be associated 
with a much smaller excursion of the actual mechanical 
diaphragm. Horn loading also brings with it its own special 
problems. The rate of flare must be gradual enough to keep 
the cutoff frequency low; the mouth area must be large 
enough to minimize the impedance discontinuity between 
the horn and the room, and the attendant standing-wave 
resonances. These requirements add up to a large structure. 
The volume of this structure may, however, be reduced by 
using the walls of the room as an extension of the horn flare, 
as in the well-known Klipsch design. 

(2) Use of an acoustical resonator in mesh with the me- 
chanical resonant system of the speaker. The speaker dia- 
phragm is made to radiate through an acoustical resonator, 
normally tuned to the same frequency as, and anti-resonant 
to, the speaker itself. In the bass-reflex system the rear of 


2 The Aud‘o League Report, Vol. 1, No. 9, October, 1955. 
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PROBLEMS OF BASS REPRODUCTION IN LOUDSPEAKERS 


the speaker communicates with the room through a Helm- 
holtz resonator; in other systems, such as the RJ and the 
Kelton, the front of the diaphragm faces into the resonator; 
and in the acoustical labyrinth type, the rear of the cone 
faces an air column. When the resonator is correctly tuned 
and damped in relation to the speaker used, it, like the horn, 
enables the system to radiate a given acoustical bass power 
with smaller diaphragm excursions. It also brings its own 
special problems into the picture; unless the acoustical reso- 
nator is properly damped, it will introduce ringing and ex- 
aggeration of part of the bass range. 


(3) Use of a baffled direct-radiator with a moving system 
capable of executing the required large excursions. This 
involves either wall mounting or a large, rigid cabinet, unless 
the acoustic suspension system referred to later is employed. 
The present paper will concentrate on the direct-radiator 
approach, since the author’s own experience has yielded the 
most success in this direction. 


The burden placed on the speaker mechanism at bass fre- 
quencies is by far the greatest in a direct-radiator system. 
This burden is not, however, impractically large, as is some- 
times believed. For example, the center-to-peak excursion 
required of a 10-in.-diam rigid piston (representing a nomi- 
nal 12-in. speaker) at 30 cps, for an acoustical power output 
of 0.2 w, is reported by Massa* to be 0.58 in. This is for 
the case of radiation into a solid angle of 180 deg. If we 
consider the far more typical situation of radiation into 90 
deg (speaker mounted at the junction of floor and wall, for 


example), the radiated power at this frequency, for the same 
excursion, is doubled, and with the speaker radiating from 
a three-sided corner the power is increased by a factor of 


four. A 12-in. direct-radiator, mounted in a solid angle of 
45 deg, can thus radiate slightly less than 0.2 acoustical 
watt at 30 cps with half-inch, peak-to-peak excursions. This 
power will create an over-all intensity level of about 97 db 
in a 3000-cu-ft living room of typical reverberation charac- 
teristics; at very low frequencies 0.2 w will create an even 
higher intensity level due to increased reverberation time. 


In comparing the performance described above with that 
of a horn-loaded ‘system, it must be remembered that 30 cps 
is well below the cutoff frequency of commercial horns. The 
horn has largely ceased to load the driver in the 30-cps 
region. 


The practicality of excursions of the order of 2 in. may 
be demonstrated visually with a Strobotac, microphone, and 
oscilloscope. The microphone and oscilloscope serve to 
monitor the linearity of the acoustic output of the speaker, 
while the Strobotac is tuned a cycle or two off frequency 
from the speaker, so that the cone excursions appear as a 
slow “breathing.” 

Such large excursion requirements, in addition to increas- 


3 Frank Massa, Acoustic Design Charts, The Blakiston Company, 
1942, Chart 61, p. 127. 
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ing the problem of bass harmonic distortion, influence per- 
formance in other ways. When the speaker moving system, 
for one reason or another, is unwilling to provide the neces- 
sary excursions in a linear manner, the amplitude of the 
fundamental output is reduced, and the range of bass re- 
sponse suffers. An input test signal of 30 cps may produce 
a loud sound from the speaker but little actual 30-cps. 
output. 


The third problem referred to, uniformity of frequency 
response, is associated with resonance and damping, but the 
practical nature of the problem changes with the type of 
speaker system used. In direct-radiators the electromechani- 
cal system of the speaker itself is primarily involved. In 
horn and resonant systems it is the acoustical system that 
is of primary importance. 

The above general discussion is based on some fairly 
simple mathematical relationships, which we may now de- 
scribe. The acoustical power output of a speaker can be 
represented by the familiar /*R term, where / is the dia- 
phragm velocity and R the air-load resistance reflected into 
the speaker mechanical system. We know that R will be 
reduced by 4 for each octave below the frequency of ulti- 
mate air-load resistance. The diaphragm velocity 7 must 
then double with each lower octave to keep the /*R term 
constant in value. If we now take into consideration the 
inverse relationship between frequency and excursion (with 
velocity held constant), it will be seen that the diaphragm 
excursion must quadruple when the frequency is halved to 
keep /°R the same. 


Just as current through an electrical circuit whose impe- 
dance is predominantly inductive will, for a given applied 
voltage, be doubled for each lower octave (ignoring resistive 
elements in the circuit), so velocity in a mechanical.system 
whose predominant impedance is mass will, for a given ap- 
plied force, be doubled for each lower octave. Below reso- 
nance, however, the speaker mechanical system is no longer 
mass-controlled. If it were resistance-controlled, velocity 
would remain constant, and output would be attenuated at 
the rate of 6 db/octave due to the continuing drop in air- 
load resistance. In fact, it is compliance-controlled—the 
predominant impedance is that of the elastic restoring force 
of the system—and bass output is therefore attenuated at 
the rate of 12 db/octave. 

The transient response of an electrical circuit with both 
reactive and resistive components may be described quan- 
titatively, and the same expressions apply to the speaker 
mechanical system. Transient response refers to the per- 
formance of the system during the attack and decay portions 
of the sound. In discussing bass transient response we are 
concerned primarily with the decay; attack frequencies are 
reproduced by whatever unit handles the higher frequency 
sound components and may not even involve the woofer at 
all. 

The tendency of a system to ring is described by its Q. 
A high Q system shows a response peak at its resonant fre- 
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quency and exhibits hangover—it continues to oscillate after 
the stimulus is removed. A system with a Q of about one 
has the flattest response curve, and does not ring appreci- 
ably. Values of Q lower than one are also indicative of a 
condition of no-ringing, but response in the region of reso- 
nance is attenuated. The well-known family of universal 
Q curves illustrates these relationships exactly.* 


In resonant-type enclosures, and especially in horns, the 
mechanical Q of the speaker itself is liable to be of relatively 
minor significance, as the resistance elements in the speaker 
mechanism are swamped by acoustical resistance terms. In 
direct-radiators the speaker’s mechanical Q assumes primary 
importance. 


THE ACOUSTIC SUSPENSION SYSTEM 


The general nature of the problem has been discussed 
briefly. We may now consider in further detail one particu- 
lar solution—that offered by the acoustic suspension system 
(specifically, by the Acoustic Research model AR-1 speaker 
system). 

Bass harmonic distortion in speakers derives primarily 
from the nonlinearity associated with large excursions. This 
nonlinearity is, in turn, primarily a function of two things: 
(1) decrease of magnetic flux around the voice-coil when 
the coil is in its extreme positions, and (2) nonlinear in- 
crease of elastic restraint imposed by the mechanical cone 
suspensions. 

The first of these difficulties can be met by making the 
voice-coil longer than the gap, so that the same amount of 
copper is always immersed in the field within a given range 
of excursion. Since part of the voice-coil then becomes in- 
active, there is a definite sacrifice in efficiency. In the case 
of the AR-1 woofer, the total voice-coil overhang is half an 
inch; that is, the voice-coil is half an inch longer than the 
gap. 

The second (and normally more serious) difficulty has 
been the target of the efforts of speaker design engineers for 
some twenty-five years. The acoustic suspension approach 
cuts rather than unties the Gordian knot. 

The mechanical suspensions of a loudspeaker serve two 
functions. They must center the voice-coil in the gap so 
that it does not rub, and they must provide an elastic re- 
storing force to the moving system. This elastic restoring 
force, in conjunction with the moving mass, determines the 
mechanical bass resonant frequency. With too little restor- 
ing force the bass resonant frequency becomes lower than it 
should be for that particular speaker, and the bass excur- 
sions increase to values within the nonlinear range. Other 
things being equal, we would like the resonant frequency to 
be as low as possible, but the lowest resonant frequency that 
we can afford for a given power rating must be selected on 
the basis of the allowable linear excursion which a particular 


4+Leo L. Beranek, Acoustics (McGraw-Hill Book Company, Inc., 
New York, 1954), p. 226. 
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Fic. 1. (a) Simplified electrical analogy to the mechanical system of 
a conventional direct-radiator speaker using a large, totally enclosed 
cabinet. The acoustic stiffness reactance of the air in the cabinet, 
Xc,, is small compared to Xc,,, the mechanical stiffness reactance of 


the speaker suspensions. (b) Electrical analogy to the mechanical 
system of the acoustic suspension speaker. The mechanical stiffness of 
the speaker suspensions is small compared to the acoustic stiffness of 
the air in the cabinet. Here Cy and Cx, are interchanged in value 
compared to Fig. 1(a), and the controlling stiffness is the linear Cu 
rather than the nonlinear Cy. 


speaker will provide. It may be noted at this point that 
the worse the mechanico-acoustic coupling of the speaker 
system, the greater the excursions required for a given acous- 
tical power, and the higher the safe resonant frequency is 
liable to be. Thus, speakers with small cone diameters are 
properly designed with higher resonant frequencies, and 
speaker systems which employ bass acoustical loading other 
than direct can afford lower resonant frequencies. 

The AR-1 acoustic suspension woofer was designed, in 
terms of allowable excursion and power handling capability, 
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Fic. 2. Acoustic suspen- 
sion low-frequency speaker 
system, plus _ separately 
housed twee‘er (Acoustic 
Research model AR-1). 
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PROBLEMS OF BASS REPRODUCTION IN LOUDSPEAKERS 


180° SOLID ANGLE, FREE FIELD 
MIC, 5' DISTANT, 45° OFF AXIS 
AMPLIFIER DAMPING FACTOR = 1 

0 db = 97.5 db RE .0002 DYNES/CM2 


& o & 


PRESSURE, db 
' 
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100 ves vo000 0000 
FREQUENCY IN CYCLES PER SECOND 


Frequency response of AR woofer, under conditions noted. 


Fic. 3. 


for a resonant frequency of about 43 cps. The normal ap- 
proach to designing a direct-radiator, once this parameter 
has been determined, would be to provide spider and rim 
suspensions with an elastic restoring force such that in con- 
junction with the moving mass the resonance of the mechani- 
cal system would be 43 cps. The speaker would then be 
mounted in a wall or in an enclosure of such large dimen- 
sions that the acoustic stiffness of the air enclosed behind 
the cone would not add any appreciable elastic restoring 
force to the system and would not raise its resonant fre- 
quency. 


The acoustic spspension system uses a different ap- 
proach; the speaker suspensions are designed with only a 
very small part of their usual elastic stiffness, and the 
speaker mechanism has a subsonic resonant frequency. It 
should be clear from the previous discussion that the AR 
woofer by itself is a “crippled” unit, unsuitable for conven- 


tional direct-radiator mounting. When this speaker is 
mounted in a small, acoustically sealed enclosure, however, 


Fic. 4. Acoustic output of AR woofer in response to step front of 
20-cps square wave. Same test conditions as for Fig. 3. 
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the elastic restoring force of the sealed-in air replaces the 
decimated mechanical stiffness of the speaker suspensions. 
The volume of the enclosure is adjusted to provide a final 
resonant frequency of that value for which the speaker was 
designed, that is, 43 cps. The cabinet is unusually rigid, 
and is filled, rather than lined, with sound absorbent mate- 
rial, but these features are not fundamental to the design 
concept. 

The substitution of acoustical for mechanical elasticity 
virtually replaces a nonlinear element by an almost ideally 
linear one, within the range of compressions and rarefactions 
involved. The result is a radical decrease in bass harmonic 
distortion, particularly at the extreme low frequencies. The 
bass response of the speaker system conforms accurately to 
the theoretical curve that can be expected of an ideal direct- 
radiator with a given resonant frequency in its final mount- 
ing. The only advantage of the acoustic suspension system 
with respect to bass response lies in the absence of the influ- 
ence of nonlinear mechanical suspensions to impede the large 
excursions required at low frequencies. 


Tire T 7 Le ee 7 wu 

L INPUT 20 WATTS, AR-I RADIATING INTO 180°, | | | | ae 
+++ SOUND ey 5'= "se db RE .0002 
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Fic. 5. Harmonic distortion vs frequency of AR woofer. 


Figure 1(a) is a simplified electrical analogy to the me- 
chanical system of a direct-radiator speaker in a large “in- 
finite baffle” type enclosure. The compliance of the enclosed 
air C, is very large in relation to Cy, the mechanical compli- 
ance of the speaker suspensions, so that the cabinet does not 
significantly raise the resonant frequency of the system. 
The controlling stiffness reactance is therefore mechanical. 
Figure 1(b) is the electrical analogy to the acoustic suspen- 
sion system. It may be seen that the only apparent differ- 
ence is quantitative. The relative values of C, and Cy are 
interchanged, and the controlling stiffness reactance is that 
of the air in the cabinet. 


In spite of the traditionally conceived relationship be- 
tween the size of a speaker installation and bass perform- 
ance, the acoustic suspension speaker system is subject to 
all the advantages and disadvantages of an infinite baffle 
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E. M. VILLCHUR 


Fic. 6. Oscilloscope photo- 
graphs of acoustic output of AR 
woofer at 32, 60, and 100 cps. 
Input power (to rated imped- 
ance) 10 w; acoustical pressure 
at 5 ft, 97.5 db re 0.0002 dyne/ 
cm*; mounted in 3-sided corner 
of room. 


system, with two important differences—the increased ex- 
cursion linearity and the large reduction in optimum cabinet 
size, the latter turning up as an extra dividend. Other than 
the above, the design problems of an acoustic suspension 
system are precisely those of a speaker in an infinite baffle 


or large totally enclosed cabinet. Figure 2 illustrates the 
enclosure and the woofer of the AR-i, plus a tweeter which 
is separately housed in the box at the right. 

Figure 3 shows the frequency response of a recent un- 
selected production model of an AR-1 woofer, as measured 
in an open field with the system radiating into a solid angle 
of 180 deg (sunk into the earth, the cabinet face flush with 
the surface of the ground). Details of the conditions of 
measurement have been published elsewhere.® 

The oscilloscope photograph of Fig. 4 illustrates the bass 
transient response; it plots the acoustic output of the 
speaker following stimulation by the step wave front of a 
20-cps square wave under the same measurement conditions. 

Figure 5 gives information on the harmonic distortion vs 
frequency of the AR woofer, and Fig. 6 consists of oscillo- 
scope photographs of the acoustic output of the AR woofer 
at 32, 60, and 100 cps. These photographs were taken with 
the speaker mounted more favorably than under open field 
conditions—in the corner of a room. The input electrical 
power was 10 w, the acoustical pressure at the 5-ft distant 
microphone was 97.5 db re 0.0002 dyne/cm*?. 

The grossest deficiencies that exist in current sound repro- 
ducing systems include those due to poor low-frequency per- 
formance in loudspeakers. High harmonic distortion and 
peaked response (which implies ringing on transients) are 
tolerated. At the same time this is the subject about which 
the least quantitative data are available, a condition which 
the writer feels is in urgent need of correction. 


5E. M. Villchur, “Commercial Acoustic Suspension Speaker,” 
Audio, July, 1955. 
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Concept of a New Magnetic Recording Medium’ 


J. HERBERT ORR 


Orradio Industries, Inc., Opelika, Alabama 


A suggested new method of producing magnetic tape is described which avoids the development 
of craters in the coating surface by casting a magnetic film on a casting belt with the base subse- 


quently laminated to the reverse side. 


INTRODUCTION 


OME workers in the field of magnetic tape will welcome 

the idea to be presented in this paper, that there is room 

for a completely new type of tape of improved characteris- 

tics. The opposite point of view can also be found, of 

course, to the effect that “Coated magnetic tape is a lot 

better today than we ever thought it would be—why change 
it?” 

It is believed that both points of view have had value 
during the past five years of rapid development in magnetic 
tape. It is not proposed that we have done badly—we have 
done very well—but there is also room for further improve- 
ment. The purpose of this paper is to discuss a specific 
problem which exists in the manufacture of magnetic tape 
and to suggest a method of solving the problem. 

The one problem out of the many involved in manufac- 
turing magnetic tape that will be discussed is that created 
by the use of fast-boiling solvents in the coating lacquer. 
In order to promote quick drying of the coating it is neces- 
sary to use fast-evaporating solvents in the lacquer system. 
There is only one way for the solvent vapors to come out 
of the coating: they must escape through the coating surface 
by a kind of boiling effect. 

As the solvents “explode” from the coating surface, they 
leave behind microscopic craters which become permanent 
as the coating dries. These craters are usually too small for 
naked-eye detection but are readily visible with a moderate 
power microscope. Most of these craters are not trouble- 
some in sound recording because they interrupt the signal 
for too short a time to be noticeable. However, they may 
have an undesirable effect because of raised edges around a 
crater, which push the tape away from the gap as the crater 
passes over. This reduces the high-frequency response dur- 
ing the time the tape is separated from the head. Polishing 


* Presented October 12, 1955 at the Seventh Annual Convention of 
the Audio Engineering Society, New York. 
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and buffing the tape will usually correct this condition, and 
the tape becomes completely satisfactory for sound record- 
ing. 

The demand for tape to be used in telemetering, electronic 
computers, and automatic production has become very 
heavy. In these applications, the effect of the craters in the 
coating is more serious because a short drop-out may cause 
the loss of one or more of the extremely short pulses used 
to represent data on the tape. The idea put forward below 
is considered one possible way that the problem of drop-outs 
on computer tape might be solved. The idea has not been 
worked through to a complete system, nor are any features 
of it now in use to overcome the problems of craters in 
tape coating. 


HOMOGENEOUS CAST MAGNETIC FILM 


The main feature of the suggested system is an endless 
coating belt. The magnetic lacquer is cast onto the belt 
and smoothed to the proper thickness while wet. Next, the 
belt with the magnetic paste on it passes over a shaker or 
orientation magnet which pulls the oxide particles against 
the polished coating belt. leaving a surplus of binder in the 
rest of the film. The sulvents can escape through the sur- 
face away from the belt. Heat accelerates the movement of 
the oxide particles, and these particles are aligned by the 
field of the orientation magnet. The base material is coated 
with adhesives and laminated to the side of the magnetic 
film away from the belt. A doctor blade pulls casting and 
base off the belt. Figure 1 shows the use of the casting 
belt. With this method, the surface of the tape in contact 
with the recording head is free of solvent craters. More- 
over, the craters, now on the other side of the film, have 
become an advantage, increasing the penetration of the ad- 
hesives used in the lamination process. Figure 2 shows a 
more recent application of the casting technique employing 
a drum in place of a belt. 
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The main features of this process are taken from January 
7, 1930 laboratory notes of the pioneer German tape scien- 
tist, Dr. Fritz Pflaumer, so the idea is hardly new. Dr. 
Pflaumer reported the following difficulty with the process: 
In order to get the desired sensitivity at the orientation 
magnet, it was necessary to use lattice-type pigments which 
have a strong tendency to clump or collect in small clusters. 
These clumps were of such size as to be more objectionable 


Fic. 1. Casting belt and laminator. 


than the craters. The consequent abandonment of the cast- 
ing process in Germany and this country turned the develop- 
ment emphasis to coated tapes. The industry’s success in 
improving coated tapes has given us the thriving magnetic 
tape market we have today. 


Fic. 2. Modern version of casting equipment. 


After conversations with Dr. Pflaumer in Germany, it was 
decided to try the casting method when the development 
work was started in this country late in 1945. The proper 
pigments were available from several suppliers. However, 
we ran into the clumping difficulty as shown in Fig. 3. 


COLLOIDAL CLAYS AS ANTI-CLUMPING AGENTS 


Seeking a way to reduce clumping, we began work with 
colloidal clays which for many years have been studied and 
used as agents to add physical strength to protective coat- 
ings. Such clays promote dispersion of the particles in 


J. HERBERT ORR 


Fic. 3. Regular magnetic oxide showing cluster formations or 
agglomerates. Clumping of iron oxide particles. 


coatings as shown in Fig. 4. We have used the clays in 
our coated tapes with excellent results. However, the appli- 
cation of colloidal clays to magnetic film casting has not yet 


Fic. 4. Some oxide after injecting colloidal clays. Reduction of 
clumping of iron oxide particles resulting from dispersion action of 
colloidal clays. 


The basic operation of the clay is as follows: the clay 
particles wedge themselves among the magnetic particles, 
pushing apart clusters and helping align the magnetic par- 
ticles to lie all in the same direction. This would seem to 
produce the needed lacquer mix for casting homogeneous 
magnetic films which with proper equipment can be lami- 
nated to acetate or Mylar base material. 
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JOURNAL OF THE AUDIO ENGINEERING SOCIETY 
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Basic Requirements for a Stereophonic System* 


NorMAN H. CrowHurst 


Audio Design Service, Whitestone, New York 


The exact reproduction of a three-dimensional sound field is fundamentally impossible, so perfect 
stereophony cannot be realized. The success of any practical system must depend upon the degree 
to which it achieves an illusion of realism. Some physiological aspects of hearing and the means 
by which kinds of sound are identified are examined and demonstrated, to show the relative im- 
portance of intensity, phase, and transient effects in multichannel systems. The so-called “true” 


stereophonic is not so effective as artificially improved versions. 


The basic requirements for an 


economical stereophonic system using single-channel recording are deduced and demonstrated. 


N A previous discussion before the Audio Engineering 

Society, the discovery was announced that two-channel 
reproduction was first tried out at the Paris Exposition of 
1878. However, as generally accepted, stereophonic and 
binaural reproduction have only received concentrated atten- 
tion in the last three or four years. During this time much 
work has been done, several demonstrations have been given 


at exhibitions and fairs, and further discussion has taken 
place. 


There still seems to be some confusion as to what consti- 
tutes the basic requirements for a stereophonic system. This 
is perhaps illustrated by the cryptic remark heard not 
long ago that “three-channel stereophonic is sound for peo- 
ple with three ears.” This reference should not be confused 
with the discussion before the Audio Engineering Society 
three years ago entitled “Two Ears in Three Dimensions”— 


although it is possible that the phrase arose as a corruption 
of this title. 


It is probably unnecessary to explain that the three chan- 
nels used in three-channel stereophonic have no direct con- 
nection with the standard three dimensions. If they did 
have, the loudspeakers would have to be set up pointing 
forward, sideways, and upward (or downward) respectively, 
instead of displaced apart as is the normal procedure. 


Confusion still seems to exist between the terms “stereo- 
phonic” and “binaural,” although the distinction has been 
adequately defined before. Therefore, it may be pertinent 
to start with definitions. 


* Presented September 27, 1956 at the Eighth Annual Convention 
of the Audio Engineering Society, New York. 
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DEFINITIONS 


“Stereophonic” should, in preference, be applied to the 
reproduction, since it means, literally, “solid sound,” or 
sound with depth, signifying the intent to recreate a com- 
plete three-dimensional sound field; whereas “binaural” 
should be applied principally to the means of perceiving 
sound, because it means, literally, ““two-eared” listening. 

It has been proved that binaural reproduction is depend- 
ent upon carrying the two channels right up to the listener’s 
ears by means of headphones. We shall not take up time in 
this discussion to go into the relative merits of binaural and 
stereophonic reproduction. The purpose of this paper is to 
establish the basic requirements for a stereophonic system; 


that is, one that will give a satisfactory illusion of sound 
with depth. 


To determine these requirements we need to understand 
the purpose to be achieved by such a system. This may 
generally be divided into three: 


(1) The location of individual sources of sound, such as 
instruments in an orchestra, using the critical sense of direc- 
tion made possible by binaural perception; also, 


(2) the separation of reverberation sound from direct 
sound, which is also made possible by the binaural percep- 
tion principle. In listening, this is one of the dominant 
reasons why reproduced sound lacks the complete individu- 
ality of an original performance; and 


(3) stereophonic reproduction should also give a sense of 
dimension or magnitude to the sound, that is to say, a single 
instrument or solo voice should seem to come from a small 
point source in space, while a full orchestra playing in uni- 
son should have a feeling of breadth or magnitude. 
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Fic. 1. The frequency overlap of instruments that can be separately 
distinguished by hearing. The bottom line shows the division of the 
spectrum employed by a typical loudspeaker system. 


WHAT THE EARS HEAR 


To understand the best approach to achieving these ob- 
jectives, it will be instructive to investigate briefly the way 
in which our hearing is able to distinguish these various 
properties. It will be realized that our hearing of sounds is 
not so much a synthesis of various frequencies in the audio 
spectrum as the recognition of complete tonal patterns. This 
distinction is illustrated in Fig. 1. 

The sounds we hear and recognize are individual complex 
sounds, not groups of frequencies. This can easily be illus- 
trated by thinking about the reproduction of a musical 
quartet consisting, say, of a piano, a string bass, a guitar, 
and a saxophone—or for that matter, any four instruments. 
All these instruments will be playing simultaneously and 
some of them are capable of playing cords. Yet the hearing 
faculty differentiates between sounds given by individual 
instruments rather than determining the groups of frequen- 
cies present in the composite sound. 


CRITICAL FACULTIES 


Our hearing faculty determines certain things about each 

tonal pattern received to identify the properties of that par- 
ticular “piece” of sound. 
(1) It identifies the timbre of the tones produced. This 
means the harmonic make-up of the individual tones, which 
enables the ear to identify the type of tone generator 
whether it comes from a vibrating string, a reed, or an air 
resonator. Each kind of tone source sets up its peculiar 
pattern of harmonics or overtones making the individual 
timbre which the ear can recognize. 

(2) More important than the overtone structure of con- 
tinued or sustained tones in identifying the type of genera- 
tor is the transient structure—the rate of growth and decay, 
indicating the method by which the tone is generated. From 


this information, the ear is able to determine whether the 
instrument is blown, struck, plucked, or bowed. This is 
illustrated in Fig. 2. 

(3) In addition to these peculiarities of individual tones, 
the ear further recognizes the complex patterns of frequen- 
cies that produce musical chords. To the nonmusical indi- 
vidual these chords may not have names, but they are still 
recognized as having their own peculiar tones or qualities. 
To the musical ear, names are automatically associated with 
these tone structures, such as major, minor, dominant sev- 
enth, and diminished seventh. 

(4) None of the foregoing recognitions is a function of 
direction. They take place equally well over monophonic 
or stereophonic channels. These properties of individual 
sounds can be recognized equally well whether one ear or 
two ears are used. However, there is a feature of binaural 
perception that distinguishes difference in tonal properties: 
this is the spatial distribution of the component frequencies 
in the source of sound. 

For example, an instrument with a horn mouth, such as a 
trumpet, tends to project sound dominantly in the direction 
in which the trumpet is pointed. However, this directional 
projection applies particularly to the upper frequencies in 
the tonal structure. This is shown in Fig. 3. 

On the other hand, with a violin or similar stringed in- 
strument, where the radiation of sound is from the complex 
shaping and structure of the body of the instrument, there 
is no such directional property to the emission of sound. 

Hence, even though the overtone structure may be very 
similar for two dissimilar instruments, the ear can detect 
the difference by the manner of radiation. 

If this difference in radiation is destroyed in the repro- 
duction, then this character of the original tone is lost. 
Another illustration of this difference can be heard in lis- 
tening to different types of piano—grand or upright—in 
live performance. 


Fic. 2. Different buildup of the various harmonics distinguishes the 
manner in which an instrument is played. 
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BASIC REQUIREMENTS FOR A STEREOPHONIC SYSTEM 


Fic. 3. From an instrument like a trumpet, the lower frequencies 
“flow” out while the higher components are very directional. 


The sound board of the grand piano is mounted horizon- 
tally and hence radiates sound dominantly (a) in an upward 
direction, reflected by the inclined lid, and (b) downward 
toward the floor. This produces a characteristic mode of 
radiation quite different from the upright piano which uses 
a vertically disposed sound board. This is illustrated in 
Fig. 4. 

This difference is extremely difficult, if not impossible, to 


detect in reproduced sound from either type of piano. The 
only difference detected will generally be due to difference in 
the string proportioning and mechanism or structure of the 
piano. 

(5) The final property that the ear can differentiate is the 
reverberation effects from the original sound, even though 
the time difference is too small to hear the reverberated 


Fic. 4. The different mode in which sound is radiated from a grand 
piano (A) and an upright piano (B). 
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sound as a separate echo, which requires a minimum interval 
of about 1/15 of a second. Conversation in a living room 
can be noticeably different, according to whether the floor 
is carpeted or not and how much furniture or drapes there 
are in the room. 

It may not be realized that the directional perception pro- 
vided by binaural hearing contributes to this appreciation 
until a recording has been made of sound under these con- 
ditions. Even when the system is adjusted to produce a 
satisfactorily flat frequency response with low distortion, it 
will be found that the reverberation is much more evident 
on a recording than it was when listening to the original 
live sound. This is explained by Fig. 5. 

From this discussion it is evident that the human hearing 
faculty analyzes sound in a way very different from that 
employed by test equipment. Also, it is at once evident 
that no system can perfectly reproduce a sound field that 
will completely satisfy the hearing faculty from the view- 
point of producing exactly the same sound field as existed 


Fic. 5. With binaural 
hearing, the original sound 
(1) can be distinguished 
readily from the rever- 
beration, which lends a 
secondary coloration (2); 
when the same is recorded 
and reproduced on a mono- 
phonic channel, the rever- 
beration dominates (3). 


in the original production. In assessing the performance of 
audio equipment, since the ear can so analyze the character 
of the original sound and also the background in which it is 
reproduced, it is basically impossible to achieve perfect re- 
production, because the only way a listening experience can 
be perfectly reproduced is by producing the same kinds of 
tone, generated in the same surroundings, by identical in- 
struments. 


SUBCONSCIOUS TOLERANCE 


Since no electrical reproduction equipment can achieve the 
perfect reproduction referred to above, we have to consider 
what are acceptable deviations from perfect reproduction. 
While the human hearing faculty is such a critical one, it is 
also extremely tolerant. This is evident from the impres- 
sions created by the reproduction from the earliest radio 
receivers. The frequency response was extremely narrow 
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Fic. 6. Sense of direction is principally dependent on intensity 
difference. 


and the nonlinear distortion must have been much larger 
than would be considered acceptable by modern standards. 


Yet the sound it produced was hailed as being “almost life- 
like.” 


Even today the accommodation of the human hearing 
faculty can be demonstrated easily by a visit to one of the 
older movie theaters that was not designed for sound and 
which has not been adequately treated acoustically for this 
purpose. The first impression will be that the dialogue is 
completely unintelligible. Because of the excessive rever- 
beration the sound seems to beat around the walls for sec- 
onds rendering syllables quite indistinguishable. 


After listening awhile, however, our faculty subconsciously 
concentrates a little more, and it is possible to differentiate 
between the original sound coming directly from the loud- 
speakers and that which reverberates around the theater. 
It even becomes possible to detect the subtle differences in 
sound put onto the sound track by the movie director, such 
as the change in tone when someone talks in a telephone 
booth or a hotel corridor, as compared with open air. 


Admittedly this extreme example is somewhat of a strain 
on the hearing system, but it does illustrate the fact that our 
hearing faculty is extremely tolerant—with a little effort (or 
patience) one can even believe in the program material pre- 
sented in such a theater. Afterward, the relative quiet of 
normal traffic outside seems temporarily unreal although it 
is a definite relief. 


FIDELITY 


It is evident then, that a definition for satisfactory repro- 
duction, whether stereophonic or otherwise, is “sound that 
one can believe in”: the more readily one can believe in it, 
or the less effort involved by the hearing faculty in doing 
so, the better the reproduction. We cannot achieve a perfect 
reproduction of the original sound field, so we have to con- 
sider what are the relevant factors in reproducing a stereo- 
phonic field that achieves a satisfactory illusion of the 
various properties we desire to identify. 


RELEVANT FACTORS IN REPRODUCING 


We can now divide the factors of difference between vari- 
ous systems of presentation under three headings. We will 
take them as related to a basic three-channel sound system; 
that is, one in which three complete loudspeaker systems are 
used but fed from different kinds of channel discrimination. 


The Relative Intensity from Different Directions 


The sense of direction of an individual sound can be 
largely determined by the relative intensity of the sound 
from the individual loudspeaker units. This can be verified 
readily by playing program material into two loudspeakers 
and sitting at an approximately equal distance between the 
two (see Fig. 6). By varying the intensity fed to each we 
can make the following simple observations: When two loud- 
speakers reproduce at equal volume, the apparent source of 
sound is a point midway between them. When the intensity 
favors one or the other speaker, the apparent source shifts 
toward the one receiving greater intensity. The same prin- 
cipal can be extended to three or more loudspeakers. 


Phase or Time Difference 


The difference in arrival time between various components 
coming from different directions is a factor in the clear dis- 
cernment of hall or auditorium characteristics as distinct 
from the original performance. It is the phase or time dif- 
ference of reverberated sound as compared with the direct 
path sound that enables this discrimination to be satisfac- 
torily made. This is shown in Fig. 5. 


In most of the discussions of classic stereophonic systems, 
the phase and time difference has been given a place of 
prominence. However, a little thought will show that this 
has been over-emphasized. A binaural listener distinguishes 
between the direction of individual sounds, direct and re- 
verberant, by means of the individual phase differences, in 
such a way that the auditory perception in the brain tends 
to favor the original sound and notices the reverberation 
only as a supplementary sound. 


The only way to achieve this effect in reproduction is by 
using a binaural recording played back through headphones 
so that each ear of the listener hears exactly the same as it 
would have in the original sound field. No microphone has 
the ability to perceive direction, although it may possess 
directionality. Therefore, it is impossible for any repro- 
ducer channel to differentiate between original sound and 
reverberation and give it a separate directional character- 
istic so that this property can be reproduced at the receiving 
end. 

For this reason any recording system, stereophonic or 
otherwise, must attempt to play down the reverberation so 
that concentration is focused upon the original performance. 
Most of the reverberation present in the reproduced material 


should be locally produced in the auditorium or listening 
room. 
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BASIC REQUIREMENTS FOR A STEREOPHONIC SYSTEM 


Fic. 7. Comparison of the four systems referred to in this article. 


Relative Importance of Transient Effects and 
Continuous Tone Periods 


The above is another difference that has been inade- 
quately stressed. In reference to classic stereophonic meth- 
ods, the theory of directional perception has assumed that 
the ears are capable of differentiating sound waves and de- 
termining, for example, that the thousand-cycle tone heard 
by the left ear is thirty degrees delayed from the thousand- 
cycle tone heard by the right ear and that from this differ- 
ence the brain can compute the direction of the source. 


In point of fact, a thousand-cycle tone (or one of any 
other frequency) reproduced in any room or auditorium will 
set up standing waves and any sense of direction given by 
the human hearing system in the presence of a continuous 
tone is liable to be completely false. This applies to any 
enclosed space. It may be possible to determine direction in 
free space as, for example, when listening to a foghorn, al- 
though even this requires a considerable degree of concen- 
tration. 

But the kind of sound that very readily gives a sense of 
direction is the transient type—the clash of a cymbal or 
any kind of plucked or percussion instrument. Even with 
types of sound that do not possess such a definite transient, 
it is the initial impact of a tone which gives a sense of direc- 
tion, before the standing waves have time to build up, 
rather than the follow-through or continuous tone period. 


MERITS OF CURRENT STEREOPHONIC SYSTEMS 


In this section we shall consider four hypothetical systems 
(see Fig. 7). 

(1) A “classic” stereophonic system in which three micro- 
phones are used simultaneously to record program material 
without any retouching by “riding” volume levels and are 
later replayed over three channels to three separate loud- 
speaker systems. 


133 


(2) The same material in which some attempt is made to 
accentuate the stereophonic effects by riding volume levels 
on individual channels. This achieves a greater sense of 
realism. 


(3) A single-channel sound fed to three loudspeaker sys- 
tems simultaneously so as to create some kind of complex 
sound field pattern but not one which makes any attempt 
to reproduce the original stereophonic pattern. 

(4) A modified single-channel system in which the inten- 
sity from individual loudspeaker units is changed during 
the presentation of the program material so as to achieve 
some sense of direction due to the variation in intensity 
effect. 


A comparison of System (1) with System (3) shows that 
the presentation of single-channel material over three loud- 
speakers produces much of the quality associated with 
stereophonic sound presented over the same three loudspeak- 
ers. Admittedly, if an AB check is made, there is a notice- 
able difference between the two. The stereophonic system 
does tend to favor very slightly certain sections of the or- 
chestra on one speaker and other sections on another, and 
there are time differences and intensity differences that make 
the reproduction from the two systems a little different. 
But unless some definite accentuation has been carried out 
as in System (2), it will be very difficult to determine 
whether System (1) or System (3) is being used without 
conducting a definite AB test. 

When System (2) is used, in which individual speakers 
are accentuated from time to time to bring out particular 
transient effects and make the directional impression more 
definite at these points, the illusion is much more satisfac- 
tory than in the simple straightforward recording unre- 
touched [System (1)]. However, the point to emphasize 
here is that the classic concept has not been adhered to. 
The effect is created by an artificial addition, the riding of 
volume level on the three separate channels. As the system 
no longer depends on a true adherence to the ‘“‘stereophonic 
principles” it cannot be called a true stereophonic system. 

The question now arises whether a similarly good illusion 
of stereophony could not be achieved by controlling a single 
composite audio in the same way and altering the distribu- 
tion between the three loudspeaker systems at different 
points in the program so as to bring out different transient 
effects and give a sense of a direction. We might call this 
fourth system a coded single-channel stereophonic system. 
In point of fact a comparison of System (2) and System (4) 
shows that it is difficult to distinguish between them: a well- 
handled coded system can certainly give a better illusion 
than an indifferently handled accentuated classic system. 


ADVANTAGES OF THE CODED, OR 
PERSPECTA, SYSTEM 


This being the case, it seems there are two main advan- 
tages to the coded system: (1) Economy—the fact that only 
one channel of recording is required, instead of three, be- 
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cause the coded controls can be arranged at subaudio fre- 
quencies, and (2) Improved realism—this is due to the ab- 
sence of background noise in inactive channels, when the 
sound is concentrated on one or two of the loudspeaker 
channels. With the regular stereophonic, where different 
program material is played over each channel, the running 
of one channel at a lower level means that the background 
noise comes up relatively, being actually at a constant fig- 
ure. In the coded system, whea the level of one loudspeaker 
group is reduced under the operation of the code, the back- 
ground noise at that group is also reduced. 

This effectively gives the system a dynamic range over 
all loudspeakers that is greater than that possible with the 
normal three-channel arrangement. 


CONCLUSION 


Subjectively, we find that the sense of direction and mag- 
nitude is dependent, first, in importance upon the correct 
distribution of transient kinds of sound rather than what 
happens to steady tones that may foliow through after the 
transients. Next, the relevant intensity distributed from 
different points is the dominant factor in establishing sense 
of direction and finally, a small effect due to phase differ- 
ences. Where the spacing between loudspeakers differs from 
that of the recording microphones, as it most often will, any 
attempt at accurate phase reconstruction is invalidated so 
apparent improvement in realism must be coincidental. 

To obtain a sense of magnitude, multiple sources are 
necessary, but whether these sources distribute in or out of 
phase does not greatly affect the sense of magnitude. It 
does make a difference, but that difference is somewhat diffi- 
cult to determine with any precision. A true solo effect is 
not possible with so-called “true stereophonic reproduction.” 

The subtle differences of phase relationship that enable 
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reverberant sounds to be separated from direct sound in 
original live performance are quite impossible to recreate 
stereophonically. However, if some approach to the repro- 
duction of the original sound is achieved by either an accen- 
tuated system or a coded system, the additional reverbera- 
tion provided by the listening room can give a satisfying 
illusion of re-creation. 


In turn, the direct comparison of the unretouched classic 
stereophonic—which has been acclaimed as the ideal me- 
dium, although seldom used in practice—presents no dis- 
tinct advantage over monophonic sound presented over a 
number of loudspeakers. 


The coded single channel sound gives results at least equal 
with the accentuated so-called “stereo” and is much better 
than the unretouched classic form. It has one advantage, 
too, over the accentuated stereophonic in improved dynamic 
range. This is of some importance in achieving realism be- 
cause the background noise that occurs from time to time in 
reproduction, audibly, is an essential feature in reminding 
the listener that this is not a live performance but a recorded 
one. 


The coded stereophonic system is a relatively simple one 
to handle. It requires some subaudio frequencies being 
dubbed on the composite audio during recording. It can 
use either tape or disk as a medium; in fact, it was originally 
used as an optical sound track for sound film. It is consid- 


erably less expensive to the user in reproduction equipment 
because it does not require three pickups and preamplifiers 


with attendant three-channel equalization, merely a so-called 
“integrator unit” to decode and distribute the sound to three 
amplifier and loudspeaker systems. It is also obviously con- 
siderably less expensive in recorded material, because only 
one channel is required instead of two or three. 
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The Consumer Looks at Standards” 


Donatp M. Berk 


Consumers’ Research, Inc., Washington, New Jersey 


In any industry manufacturing many products that can be integrated for use, minimum stand- 
ards are needed so that the ultimate consumer can have some basic assurance of satisfactory results. 
The average purchaser of high-fidelity components has little technical knowledge to aid him in 
comparing the specifications of various components and procuring a compatible high-fidelity system. 
If certain features of the various parts that make up a complete system were standardized, the 
consumer could select these parts on their actual performance with the full knowledge that the 


resulting system would be basically compatible. 


The discussion will not attempt to cover every characteristic of a high-fidelity system, nor will 
it discuss standard methods of testing. However, shortcomings in existing terminology and methods 
of rating of performance of various components will be considered in the hope that the manufac- 
turers and engineering groups will prepare and promulgate uniform and acceptable standards for 


the audio industry. 


HAT is a standard? Funk & Wagnalls’ dictionary gives 

us one useful definition: ‘““any measure of extent, quan- 
tity, quality, or value established by law or by general 
usage and consent.”’ Most of the standards in use by indus- 
try today are those established by general usage and consent 
and by being adopted and promulgated by one or more 
professional societies. 

You will agree that without such standards and specifica- 
tions we would have a good deal of needless confusion in our 
daily lives. The consumer wants and has a right to expect 
that standards of design, fit, size, weight, shape, etc., will 
be adhered to by the various manufacturers of products he 
uses. Where would we all be if the manufacturers of tires, 
for instance, and the manufacturers of cars did not both 
follow the same basic size and design factors, or if all the 
various manufacturers of mechanical pencils used leads of 
different diameters to force consumers to buy their own 
brand of leads instead of a competitor’s? It is plain that 
standards affect us all, in many small and taken-for-granted, 
but nevertheless vitally important, ways. 

Simple minimum standards should not be confused with 
specifications, selling points, or general quality of product. 
After all, we can buy a recapped auto tire for $6 or we can 
buy a new one for $35 and both will be “standard” as to 


* Presented at the Eighth Annual Convention of the Audio Engi- 
neering Society, September 29, 1956, New York. Revised manuscript 
received April 18, 1957. 


size and fit the same wheel, but their performance may be 
expected to be quite different. 

In a comparatively young industry, with the potentials 
that the audio industry has, standard parts and practices 
are a must if consumer confidence and acceptance is to be 
gained. Any product which causes extra expense and in- 
convenience to a purchaser because of nonstandard prac- 
tices will in time be discarded and replaced by the product 
of another manufacturer. 


CONFLICTING TERMINOLOGY 


The audio component is a complex product, and to convey 
its capabilities to the consumer the manufacturer must use 
some technical terms. Any one of these terms, when used, 
should have a standard meaning. The consumer will as- 
sume that these terms will mean the same regardless of the 
manufacturer who uses them, and while that certainly 
should be the case, it is not true at the present time. In 
addition, many specifications have little or no meaning to 
the average nontechnical music lover who may know his 
sharps and flats but is stymied by such terms as intermodu- 
lation distortion, damping factor, or ultrasonic oscillation. 
However, there are some figures on the performance that 
are needed. One obviously needed figure on the performance 
of an amplifier is power output. This will have to be ex- 
pressed in familiar units, the unit used today being the watt. 
A simple idea, such as power output of an amplifier, can be 
very confusing. For example, the neophyte purchaser will 
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go into an audio showroom or perhaps pick up a catalog 
and after scanning the many offerings tentatively select an 
amplifier. 


When the purchaser reads the manufacturer’s specifica- 
tions, the big type in the literature shows this amplifier to 
have a 16-w output. Our prospective purchaser spots the 
16-w and he believes that this is the actual rated output of 
the amplifier. However, more detailed examination of spe- 
cifications will show that the amplifier was designed to 
handle only 10 w continuously and the 16-w is “instantane- 
ous peak power.” Now to our nontechnical man this is very 
confusing, for in his language, the language of the layman, 
the word peak generally means the top or, in this case, the 
most the amplifier will put out steadily. He has not been 
informed and he knows nothing of the word “instantaneous” 
that for some strange reason appeared only in fine print. 
He does not even know what this word means to him in 
terms of practical amplifier performance. After a compari- 
son of various manufacturers’ specifications, he has chosen 
what he thought was a 16-w amplifier, and he deserves to 
get what he was led to believe he was buying. 


RATING THE PERFORMANCE 


The terms for amplifier ratings are about the most non- 
standard in the audio industry today. Let the actual per- 
formance of the amplifier and not unrealistic performance 
figures speak for itself. A rating of 10 w or 20 w should 
mean just that, a full 10 w or a full 20 w, continuously. 
The consumer who has little time, knowledge, or inclination 
to delve into engineering data wants to be assured that 20 w 
on A’s amplifier is the same as 20 w on B’s amplifier. A 
manufacturer who is honest and ethical in his advertising 
should not be penalized by appearing to have a poorer 
product than some other manufacturer who “stretches” his 
claims. Lack of such standards as a clear, universally ac- 
cepted definition of the meaning of power output rating and 
the incompatibility of other various component parts of the 
high-fidelity system causes many consumers to purchase the 
less desirable and, at times, much more expensive “pack- 
aged” systems. 


Input sensitivity rating of amplifiers, too, should be based 
on standard procedures and should have a standard meaning 
for all amplifiers. In a recent Bulletin, Consumers’ Research 
pointed out that one 10-w amplifier, advertised as a high- 
fidelity unit, needed 22 mv of input signal at the preampli- 
fier to drive the power amplifier to full output. This am- 
plifier was in a low price range and very likely most of its 
purchasers would use a popular low-priced magnetic car- 
tridge whose output is only 10 mv. The purchaser, who 
would naturally assume the parts compatible, would have 
no warning (amplifier sensitivity was not listed in the litera- 
ture) and might find it costly and time-consuming to correct 
this error. More than likely he would never know the real 
reason his system was not giving expected performance and 
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would condemn the manufacturer of the pickup for its sup- 
posedly poor performance. 

Another “large type” statement in literature about ampli- 
fiers concerns frequency response. Some frequency responses 
may read 15 to 30,000 cps plus or minus 1 db. First of 
all, the purchaser probably cannot hear more than 30—12,000 
cps, and at the output level that the 15 to 30,000 cps 
was obtained the chances are he could not hear much of 
anything at all. More than likely the amplifier in question 
had a true frequency response of 90—-10,000 cps + 1 db at 
10-w output, and only a little wider range at reasonable 
room-listening levels. Either frequency response should be 
given at rated power output or separate figures given for 
low output levels and high output levels. 

One characteristic of an amplifier that has been pretty 
well standardized is the output impedance. Values of 4, 8, 
and 16 ohms are standard on almost all amplifiers and give 
a good match to most high-fidelity speakers available. 


MECHANICAL STANDARDIZATION 


Any terminology that is used in rating performances of 
the various components that make up the high-fidelity sound 
system should have a standard meaning instead of three or 
four possible interpretations, which can only result in mis- 
leading the uninformed consumer. 

One big problem is the standardization of many physical 
aspects of the equipment itself. To date, tube sockets and 
ac power plugs are fully standardized dimensionally, but 
many other parts and connectors of audio gear are not! 
The phono pin plug and jack (a doubtful product in its 
present form) have been almost universally adopted as input 
connectors and inter-unit connectors, but there are still 
other and different types of connectors in use. 

There are many pickup arms in use today that will not | 
accept various cartridges without adapters. The use of 
these adapters does not add at all to the performance of the 
arms and may possibly introduce new and unwanted reso- 
nances. The method of mounting and size of mounting 
studs should be standard so that the user can buy an arm 
of his choice with the knowledge that any cartridge he 
selects will fit without a partial re-engineering of the arm. 
We are not suggesting that the output voltages of the car- 
tridges themselves be standardized, for we realize what 
problems this would imply. However, mounting method 
and dimensions could be standardized without affecting per- 
formance. 


CONFLICTING STANDARDS 


Concerning tuners, the term or rating most frequently 
misunderstood is the sensitivity rating. Among the various 
methods for rating FM sensitivity is the one used by many 
manufacturers in their literature, the noise-quieting figure, 
or x microvolts for y db of quieting. This term implies that 
the signal level is raised until the no-signal noise is reduced 
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THE CONSUMER LOOKS AT STANDARDS 


by a certain number of db. Another and supposedly stand- 
ard method is the IRE method in which the sensitivity is 
given as the amount of signal from a modulated carrier 
needed to produce a 30-db reduction in output level from 
that produced by a nonmodulated carrier. Unfortunately, 
the results of both methods are usually published in the 
same form, and it may be that one receiver measured by the 
two methods will show two different microvolt figures, with 
the figure based on noise-quieting usually the lowest. This 
smaller and more favorable appearing number is usually 
better adapted to the needs of the advertising copy-writer. 
The IRE measurement is just as valid, but when the con- 
sumer reads the specifications he does not know which 
method has been used and will quite naturally choose that 
tuner with a number that seems to show the best sensitivity. 
He will choose the one having the lowest microvolt figure, 
because it appears to be the most sensitive, without due 
regard to the db noise figure following. Using the quieting 
method, different manufacturers have selected various db 
figures for use, such as 20 or 30 db, but they usually choose 
the noise figure that goes with the smaller and therefore 
better appearing microvolt measurement. 
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CONCLUSIONS 


We have mentioned but a few characteristics of high- 
fidelity equipment. They are the ones we feel need imme- 
diate attention. Consumers’ Research does not pretend to 
be the final judge in the formulation of standards; rather it 
is our function to suggest an industry approach to this 
matter. The final adoption and use of standards is up to 
the manufacturers themselves and the professional societies 
in which they and consumers are represented. We do hope 
that the manufacturers will keep the consumer’s knowledge 
and needs in mind in formulating these standards. Stand- 
ards should be realistic and not extreme or so limited as to 
have little value; those who promulgate them should be sure 
that the wording expresses their intentions. 

The foregoing are only some of the problems of standardi- 
zation that exist in the audio industry today. We would like 
to see in the near future active steps taken for the adoption 
of workable standards for these and many other items deter- 
mining the performance capabilities and interlinking of 
audio components. When the industry agrees on and uses 
standard procedures and constructional elements, the con- 
sumer will benefit—and when the consumer benefits, it will 
be to the advantage of the manufacturer as well. 
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A Corner Loudspeaker with Coaxial Acoustical Line 
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A corner cabinet with the loudspeaker coupled to a quarter-wave coaxial re-entrant acoustical 
line exhibits full acoustical loading at a frequency as low as 38 cps with the volume reduced to 
less than 2.2 cu ft. The rigidity of the walls being assured by the shape of the acoustical line, the 


structure of the cabinet can be very light and inexpensive. 


The lateral resonances of the loud- 


speaker inherent to tuned loading devices are damped by a series acoustical resistance, which does 
not affect the power transfer at the desired low-frequency end. 
The system gives true 360-deg sound distribution in the horizontal plane, independent of fre- 


quency. 


At high frequencies, a large portion of the radiated power is sent to the upper parts of 


the listening room, enhancing the ratio of the reverberated to the direct sound and meeting more 
closely the acoustical atmosphere of a concert hall. 


INTRODUCTION 


IHE major problems in the design of high-fidelity loud- 

speakers for home music systems are: acoustical loading 
at low frequencies, distribution of sound at high frequencies, 
over-all dimensions, and cost. Generally, conventional sys- 
tems do not seem to meet all these requirements at the same 
time, as may be seen from a brief survey of the best known 
existing systems. 


Acoustical Loading 


Acoustically simple devices such as large flat baffles or 
entirely closed cabinets give to loudspeakers the conditions 
for piston or zero-order-like action. As their radiation re- 
sistance at the lowest frequencies is very small, these sys- 
tems call for excessive displacements of the diaphragm lead- 
ing to serious distortion. Thus, these simple devices may 
be used for true high-fidelity systems when only an ex- 
tremely small amount of acoustical power is required, unless 
one uses very large diaphragm areas hardly acceptable for 
domestic applications. 

Several acoustical matching devices have been developed 
to increase the acoustical loading and to reduce the neces- 
sary motion of the diaphragm at low frequencies: (1) 
corner-horn cabinet, (2) antiresonance or bass reflex enclo- 
sure, and (3) acoustical line or labyrinth. 

The corner-horn method uses the walls of the room as an 
extension of an internal folded horn built in the cabinet. 
This system increases the acoustical load at low frequencies, 
but calls for rather critical dimensions of both the internal 
horn and diaphragm if one wants to meet the large flare of 
the corner at sufficiently low cutoff frequency. 

Both the bass reflex and labyrinth enclosures, although 
based on different acoustical principles, give the same prac- 
tical result at low frequencies. They have a second aper- 


ture or port, driven by the rear side of the loudspeaker 
through an acoustical network. At a certain low frequency 
this port forms a second radiating source of very low in- 
ternal impedance with no mechanical moving parts. At the 
same frequency, the acoustical impedance of the enclosure 
seen by the rear side of the loudspeaker is very large, due 
to antiresonance action of the system. Thus, at this fre- 
quency, the enclosure becomes a tuned acoustical trans- 
former, matching the high mechanical impedance of the dia- 
phragm to the low radiation resistance of the port. 

However, both bass reflex and labyrinth enclosures have 
several serious disadvantages; e.g.: 


(1) The principle of a tuned enclosure eliminates the 
nominal free resonance of the loudspeaker but gives rise to 
two other undesirable loudspeaker resonances on both sides 
of the previous one (Fig. 1). At the lower one, the loud- 
speaker exhibits very large excursion with a very small 
acoustical load leading to intermodulation effects; the higher 
one falls in the range of the middle bass, degrading the 
frequency response and giving so-called ‘“‘jukebox” reso- 
nance. 

To eliminate these troubles, an acoustical resistance may 
be introduced into the port, damping the lateral resonances. 
This system, however, reduces the acoustical output from 
the port at the desired nominal frequency end. 


(2) The over-all dimensions of the enclosure become ex- 
cessive for domestic use if one wishes to extend the fre- 
quency response below 40 cps, which seems to be an essen- 
tial condition for true high fidelity. 

(3) The walls of the enclosure are exposed to high acous- 
tical pressures and yield to mechanical vibrations, leading 
to serious resonances and mechanical noises. This calls for 
heavy and expensive structures such as very thick wood, 
double walls with sand, and masonry work. 
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A CORNER LOUDSPEAKER WITH COAXIAL ACOUSTICAL LINE 
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MECHANICAL REACTANCE 
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Fic. 1. Mechanical reactance of a loudspeaker connected to a tuned 
antiresonance loading device: Xm— mechanical reactance of the 
speaker alone; X, = input reactance of the loading device as seen by 
the speaker; fm— resonant frequency of the speaker alone; f. = 
antiresonant frequency of the loading device; and f’, f” = lateral 
resonance frequencies of the speaker with loading device, radiation 
resistance and losses omitted. 


Distribution of the Sound at High Frequencies 


Another major problem in sound reproduction in homes 
is the distribution of sound at middle and high frequencies. 
A beam-like radiation at high frequencies has two disad- 
vantages: first, the well-known lack of sound balance in 
different points in the room; and second, generally ignored 
but perhaps even more important, the loss of the natural- 
ness of the sound due to the insufficient reverberation at 
high frequencies. 

Actually, in a concert hall, the ratio of the reverberant to 
the direct sound at high frequencies is much larger than in 
a living room with a conventional loudspeaker pointed at 
the listener. The directional radiation at high frequencies 
gives the impression of concentration of sound sources at a 
single point. This is incompatible with the large area occu- 
pied by an orchestra. 

Numerous systems are now in use to provide wide-angle 
distribution at mid- and high frequencies. Small tweeters, 
multicellular horns, acoustical lenses, semi-elliptic reflectors, 
and the use of several loudspeakers at different angles ex- 
press the general trend to meet this requirement. While 
these systems can provide a fair uniformity in direct sound 
distribution, they are unable, however, to obtain a sufficient 
reverberation or room effect if used in a single-channel sound 
system. 

The loudspeaker cabinet described in this paper is de- 
signed to meet all the above-mentioned requirements; i.e.: 

(1) Reduction of the over-all dimensions of the enclosure 
(to 0.8 sq ft in floor area and 2.7 ft in height) with full 
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acoustical loading at a frequency as low as 38 cps. 

(2) Elimination of mechanical vibrations of the walls, by 
proper construction, permitting the use of light and inex- 
pensive structures. 

(3) Damping of lateral resonances of the loudspeaker 
without reducing the acoustical efficiency at the antireso- 
nance frequency. 

(4) True 360-deg distribution of the direct sound in a 
horizontal plane, independent of the frequency. 

(5) Increasing the ratio of the reverberant to the direct 
sound at mid- and high frequencies. 


DESIGN PRINCIPLES OF THE CABINET 
Low-Frequency Loading 

The cabinet is built on the principle of a quarter-wave, 
open-end acoustical line, coupled to the rear side of the 
loudspeaker, as introduced by Olney more than twenty years 
ago. 

The essential point in the new design is the acoustical 
line constructed in the form of the coaxial re-entrant tubes, 
instead of the flat folded labyrinth as used by Olney and 
his followers. The circular section of the acoustical line 
gives extremely high radial rigidity when compared with 
the plane walls used in previous designs. Thus thin light 
materials can be used for the construction of the cabinet 
without any danger of mechanical vibrations at low fre- 
quencies. 

The acoustical line is built up from two coaxial re-entrant 
tubes, and its last (third) section is formed by the external 
walls of the cabinet (Fig. 2). There is no danger of me- 
chanical vibration of the walls of the latter section, as the 
acoustical pressures near the open end of the line are very 
small as compared with the points close to the pressure 
anti-node. The tubes are lined with an absorbing material 
to damp all resonances at higher frequencies. 

The over-all volume of a cabinet with the acoustical line 
is given by the expression 

Y¥=S, 

where / is the length and S the section of the tube. The 
length of the tube is imposed by the design frequency of the 
quarter-wave antiresonance; i.e., by the low-frequency end. 
It is the opinion of this writer that for high-fidelity home 
reproduction, the lower limit of the transmitted frequency 
band has to be fixed at 35-40 cps, so the quarter-wave 
resonance frequency was chosen at 38 cps, this leading to 
a line length of about 7 ft. 

The only way to decrease the over-all volume is to reduce 
the section of the line. It is true that this reduces the 
acoustical radiation load at the open end of the line, but this 
disadvantage is more than compensated for by two other 
factors: (1) the acoustical velocity in the tube increases; 
and (2) the enclosure is built in the form of a corner cabi- 
net, which increases the radiating surface at the open end 
by a factor of 4, as compared with 47-steradian conditions. 

In this manner, the over-all section of the cabinet was 
reduced to 0.8 sq ft in the horizontal plane and its volume 
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Fic. 2. Principle of the coaxial 
acoustical line (C.A.L.) sound ra- 
diator: H — high-frequency driv- 
er; L=low-frequency driver; C 
= pressure chamber; R = acousti- 
cal series resistance; A — quarter- 
wave acoustical line; and P = open 
end of the acoustical line. 


to less than 2.2 cu ft, which 
seems to be a very small en- 
closure for full acoustical 
loading at 38 cps. 

The cabinet is equipped 
with a pressure chamber, 
matching the rear side of the 
loudspeaker to the tube. The 
pressure chamber of circular 
section has very high rigidity 
and can be built from very 
thin material. P 


Damping of Lateral Resonances 


As shown in Fig. 1, a tuned acoustical load introduces 
two series resonances in the loudspeaker (f’ and f”). Some 
manufacturers try to eliminate these resonances by fitting 
an acoustical resistance into the port of the enclosure. This 
operation however is equivalent to introducing damping 
resistance R, parallel to the tuned circuit | Fig. 3(a) |], which 


reduces considerably the acoustical output at the desired 
frequency f,. 

The system described in this paper uses an acoustical 
resistance introduced in series between the loudspeaker and 
the input impedance of the line [ Fig. 3(b)]. At the nomi- 
nal antiresonance frequency f, the input impedance of the 
line is very high, so the series resistance R, has no influence 
on the transfer characteristics. On the contrary, at the 
frequencies f’ and f”, the series impedance of the whole cir- 
cuit is very low, and the series resistance damps the two 
resonances. The efficiency of this action is shown in Fig. 4, 
which gives the measured electrical input impedance of the 
loudspeaker in the enclosure, with and without the series 
resistance. At the resonant frequencies f’ and f”, the veloc- 
ity of the diaphragm is reduced by a factor of 2 and 4, re- 
spectively, for the same driving current. This result is con- 


Fic. 3. Equivalent network of the Mm 
methods of (a) parallel and (b) 
series damping of lateral resonances: 
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Fic. 4. Electrical impedance of the loudspeaker in the C.A.L. en- 
closure: Z= speaker alone; Z’ — speaker loaded with an antireso- 
nance device, without damping resistance; and Z” — speaker in 
C.A.L. enclosure with the acoustical series resistance. 


firmed by free-field measurements of the sound pressure, 
close to the loudspeaker diaphragm, under conditions of 
constant electrical driving current (Fig. 5). The acoustical 
series resistance damps the upper resonance by about 12 db. 

Under the same conditions, the measurements at the open 
end of the tube (port) showed no detectable difference in 
the acoustical output at the desired frequency (38 cps), 
with or without the acoustical series resistance. 

At higher frequencies, the influence of the series resistance 
on the loudspeaker is minimized by the action of the acous- 
tical compliance of pressure chamber C (see Fig. 3). 


Distribution of Sound at High Frequencies 


The disadvantages of the beam-like radiation at high fre- 
quencies are eliminated in the described system in a simple 
but efficient way. The loudspeaker is mounted in the top 
surface of the cabinet, with the diaphragm radiating up- 
wards. Thus, one obtains an exactly uniform distribution 
of 360 deg in the horizontal plane. 

The differences in the intensity of the direct sound in the 
vertical plane are negligible. The distance between the 
loudspeaker and listeners being usually at least 6 ft and the 


F = mechanomotive force; Mm and 
Cm = mechanical mass and compli- 
ance of the speaker; M, and C,= 
reactive components of the acoustical 
input impedance of the loading de- 
vice; R,= parallel damping resist- 
ance; and R,=series damping re- 
sistance between the speaker and 


loading device (radiation and me- 
chanical loss resistances not shown). 
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A CORNER LOUDSPEAKER WITH COAXIAL ACOUSTICAL LINE 


WITHOUT 
RESISTANCE | 


Fic. 5. Sound pressure 
close to the diaphragm of 
the loudspeaker in C.A.L. 
enclosure, with and with- 
out acoustical series resist- 
ance. 
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differences in the height of the listeners’ heads (when sitting 
or standing) being not more than 2.5 ft, the variations in the 
vertical angle do not exceed + 10 deg. 
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Artificial Reverberation or Room Effect 
The intensity of the reverberant or reflected sound reach- 
ing the listener in a concert hall is, on the average, several 
db higher than the intensity of the direct sound wave. If 
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situated at a certain distance and distributed in a larger 
space. The resulting illusion of the enlargement of the 
listening room into a hall, containing both original sound 
sources and the listener, seems to be much superior to the 
conventional effect of the hole in the wall, recommended 
until now by leading high-fidelity engineers. 


DRIVING UNITS 


The cabinet was designed for an 8- or 10-in. loudspeaker. 
Actually, the efficient acoustical loading of the cabinet at 
low frequencies provides more than sufficient acoustical 
power for a normal living room even with an 8-in. unit. 

The recommended free resonance of the loudspeaker 
should be about 40 cps, but this condition is not at all 
critical the low-frequency response being imposed by the 
cabinet itself. 

A high-frequency tweeter which can be mounted co- 
axially inside the low-frequency unit is recommended for 
maintaining the efficiency at the high-frequency end. The 
high-frequency attenuation resulting from this position of 
the loudspeaker and the room absorption characteristics 
has to be compensated for by proper pre-emphasis in the 
amplifier. Another equalizer is recommended for the sup- 


pression of the most troublesome room resonances in the 
middle bass range. 


| 


3 


Fic. 6. Frequency response of the 


C.A.L. sound radiator in an average 
living room, measured with %- 


octave bands of white noise. 
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the same program is now reproduced in an average living 
room using for instance a conventional tweeter with a 3- 
cell horn pointed at the listener at a distance of, say, 8 ft, 
the reverberant sound at high frequencies will be several db 
lower than the direct sound. This discrepancy in the lis- 
tening conditions gives the effect of concentration of the 
sound sources at a single point and degrades the naturalness 
of single-channel reproduction. 

The mounting of the loudspeaker in the top of the cabinet 
not only provides a true 360-deg distribution of the sound 
in the horizontal plane but also greatly increases the effect 
of the reverberation at high frequencies. The major portion 
of the acoustical radiated power at high frequencies is sent 
to the ceiling and the upper parts of the walls and reaches 
the listener by reflections. This provides to an appreciable 
extent the acoustical illusion of the walls near the loud- 
speaker disappearing, and the sound sources seem to be 


1000 2000 4000 


6000 15000 


MEASURED OVER-ALL FREQUENCY RESPONSE 

Figure 6 shows the frequency response of the described 
system mounted in the corner of an average living room. 
The measurements were obtained with 4%-octave bands of 
white noise through the audio spectrum. It can be seen 
that the over-all frequency response of the system (loud- 
speaker-cabinet-room) can readily be balanced by means of 
simple equalizers in the amplifying system. 
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THE SUBJECTIVE DISCRIMINATION OF 


PITCH AND AMPLITUDE FLUCTUATIONS 


IN RECORDING SYSTEMS 
By A. STOTT, M.A., A.Inst.P., and P. E. AXON, O.B.E., Ph.D., M.Sc., Associate Members. 


(The paper was first received 31st December, 1954, and in revised form 7th April, 1955.) 


SUMMARY 

The paper is concerned with the measurement of subjective thresholds 
of the unwanted pitch and amplitude fluctuations which occur in the 
reproduced output of all types of sound recording systems. The pitch 
fluctuations. are commonly known as “wow” or “flutter,” and new 
equipment is described for generating controlled fluctuations of this 
type in musical or other programme signals. The threshold measure- 
ments thus made possible are more realistic than those hitherto avail- 
able, which have been related only to frequency fluctuations in test 
tones. The generation and threshold measurement of controlled 
amplitude fluctuations are also described, since amplitude and fre- 
quency fluctuations commonly occur together. The results obtained 
enable frequency weighting characteristics to be defined which can be 
incorporated into instruments measuring the magnitude of the un- 
wanted amplitude and frequency fluctuations in practical systems. It 
is shown that such instruments may then approximate to an ideal, 
subjectively weighted measuring device which, when threshold value 
is reached, will give the same indication irrespective of the type and 
frequency of the fluctuation measured. 


(1) INTRODUCTION 

The aural effect of the unwanted pitch fluctuations which occur 
in the reproduced output of all types of sound recording systems 
is well known. These fluctuations, which are usually described 
as “wow” or “‘flutter’’ according to the frequency range in which 
they occur, arise from various mechanical imperfections in the 
recording and reproducing systems. In disc recording the 
possible imperfections include small eccentricities in the driving 
system, eccentricity of the disc upon the turntable and lack of 
flatness in the disc surface. In magnetic recording the imper- 
fections may consist of eccentricities in the driving system and 
of changes in tape speed due to frictional variations. All such 
factors result in periodic or random differences, or both, between 
the speeds of the recording medium in the recording and 
reproducing processes. In a recording machine a temporary 
departure from correct speed results in a change of recorded 
wavelength, which, on subsequent reproduction at correct speed, 
appears as a temporary change of pitch in the reproduced signal. 
In a reproducing machine a temporary speed change again results 
in a pitch fluctuation as the previously established waveforms 
move past the reproducing head at a rate different from that in 
the recording process. A characteristic of this process of fre- 
quency modulation is that all component frequencies of the 
recorded signal undergo an equal percentage modulation at the 
same time. 

It is well known that these pitch fluctuations are, in practice, 
generally accompanied by amplitude fluctuations. In the work 
described tests have therefore been included on the subjective 
discrimination of amplitude fluctuations, to determine the influ- 
ence of this factor on the final results. The information gained 
will be useful in the specification of permissible tolerances for 
pitch and amplitude fluctuations in recording equipment, a 
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measure which is desirable for promoting general improvement 
in recording-system performance both in manufacture and in 
programme exchanges in broadcasting. 

Experiments to determine the listener’s sensitivity to pitch 
fluctuations necessitate the generation of wow and flutter under 
controlled conditions. In general, any type of pitch fluctuation 
may be introduced into a tone by appropriate alteration of some 
element in the oscillator circuit. No similar method is known 
by which an equal percentage frequency modulation of all the 
component frequencies of a complex programme signal can be 
effected, which is the practical characteristic previously described. 
A recording system, in fact, remains the practical method of 
meeting this requirement. However, in generating intentional 
pitch fluctuations by mechanical means, as opposed to electronic, 
a fundamental difficulty arises in eliminating the fluctuations 
inherent in the generator itself. For example, a good magnetic 
tape recorder might be used in which the driving shaft is made 
eccentric intentionally so that a periodic speed fluctuation is 
introduced into the recording. The record thus made might be 
reproduced on another good machine in which the driving shaft 
is true, with the result that a periodic pitch fluctuation at the 
frequency of the recorder driving shaft will appear in the output. 
On this periodic fluctuation, however, will be superimposed any 
other random and periodic fluctuations arising in the recording 
and reproducing machines. Experiments carried out in this 
manner could not therefore be said, without positive supporting 
evidence, to provide an accurate assessment of the subjective 
effect of the driving shaft fluctuation alone. In addition, of 
course, the provision of a wide range of fluctuations (in both 
magnitude and frequency), by this or similar means, would 
involve excessive labour. For these reasons the mechanical 
problems have hitherto forced investigators to use purely elec- 
tronic methods, and this, in turn, has confined the investigations 
to tone tests. Recently, however, there has been notable 
development in the technique of recording (for storage purposes) 
on magnetic discs or drums rotating out of contact with the 
recording, reproducing and erase heads, and this has made 
possible the development of a pitch-fluctuation generator for 
use with complex programme material. The device has negligible 
inherent wow or flutter, but with it a wide range of controlled 
pitch fluctuations can be introduced into the programme signal. 


(2) EXPERIMENTAL PROCEDURE 


(2.1) General 


The experiments were divided into four broad classes, in 
which known amplitude or frequency modulations were imposed 
on test material consisting of tones or programme of broad- 
casting type. The object of the experiments was to determine 
when modulation of the test signal was first noticeable; the sub- 
jective thresholds were measured under chosen conditions and 
were not necessarily associated with annoyance value. The effects 
of modulation may not always be displeasing from an aesthetic 
viewpoint. Although a prime object of the work was to establish 
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SUBJECTIVE DISCRIMINATION OF PITCH AND AMPLITUDE FLUCTUATIONS IN RECORDING SYSTEMS 


tolerances to modulation under practical conditions, the wide 
range of possibilities makes it impossible to find a figure of merit 
to cover all conditions. In both tone and programme tests a 
realistic compromise is necessary and some of the relevant con- 
siderations will be discussed in this Section. 

It has been noted that the unwanted frequency fluctuations are 
generally accompanied by amplitude changes. In any recording 
system where reproduced output is proportional to velocity this 
must necessarily be so. The magnitude of the effect may be 
negligible, but a much larger degree of amplitude modulation can 
arise in other ways. It is produced, for example, by listening 
enclosures and even by the ear itself, whenever frequency 
modulation is present. Hence it is of interest to determine the 
subjective thresholds of both amplitude modulation and frequency 
modulation independently. 

Listening experiments were carried out with both headphones 
and loudspeakers. The choice of loudspeaker can affect the 
results, especially in the case of frequency modulation of a tone 
carrier, where local irregularities in the loudspeaker-response 
curve produce undesired amplitude modulation. The production 
of harmonics by non-linear behaviour also tends to make the 
threshold value lower. Effects of this kind are, fortunately, 
largely masked when a programme source is used. The loud- 
speaker unit used for the experimental work was the B.B.C. 
standard unit, Type LSU/10, and experiments were conducted in 
the listening-rooms of the B.B.C. laboratories at Nightingale 
Square, London, and Kingswood Warren, Surrey, to simulate 
typical listening conditions. The reverberation time/frequency 
characteristics of these two rooms are fairly level at lower 
frequencies, but they fall gradually at high frequencies. The 
Nightingale-Square room, 2850ft? in volume, has an average 
reverberation time of about 0-55 sec, and the Kingswood-Warren 
room, 1 890 ft? in volume, a reverberation time of about 0-45 sec. 
Experiments on a single subject suggested that this difference of 
reverberation time had no appreciable effect on the results. 


(2.2) Tone Tests 


In some initial experiments to determine the threshold of effects 
on pure tones, the signal was presented to the subject through 
high-grade moving-coil headphones. The headphones were 
subjectively calibrated for loudness level in the audio range, 
and the level chosen was 75 phons, which corresponds to the 
preferred peak listening level for light music programme 
material.' Various test tones between 50c/s and 10kc/s, 
modulated at frequencies unknown to the subject, were pre- 
sented in random order. Various discrete levels of modulation 
of each test tone were presented, and the subject was asked 
whether the modulation was audible or not. Results with all 
subjects were found to be surprisingly inconsistent, and it was 
soon realized that aural fatigue and auditory imagery were 
serious factors in these conditions. The ear rapidly tired of the 
repetition of a pure tone, and once a given rate of modulation 
had been heard it gave rise to an after-image which was often 
most pronounced. Even if a pure tone was presented afterwards, 
a considerable “‘hysteresis’’ was often evident, the modulation still 
being heard in imagination. 

Greater consistency resulted if the pure tone was presented 
first and the modulation gradually increased until the subject 
indicated that he was aware of a change. On account of the 
hysteresis effect, no attempt was made to repeat the test on a 
descending scale, and the tone was stopped immediately upon 
recognition of the modulation, in order to avoid fatigue. A 
new test tone then followed, together with a new modulation 
frequency. This procedure seemed to reduce fatigue consider- 
ably, and the aural imagery seemed also to be reduced by the 
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subject’s knowledge that the next rate would be different, even 
though he did not know how different. 

The same method was also employed in other experiments, 
using a loudspeaker in place of the headphones, when it was not 
necessary to eliminate the effect of room eigen-tones. 


(2.3) Programme Material Tests 


In the experiments with musical programme material in listen- 
ing-rooms, subjects were tested in small groups. It was im- 
possible in these circumstances to arrange for the peak level to 
be exactly 75 phons for everyone, but the seating was arranged 
to give an equal scatter about this figure. In such rooms, how- 
ever, the general loudness does not vary sharply with small 
changes of position and more serious variations probably arise 
from the non-axial frequency response of the loudspeaker. 

Subjects who did not understand the terms “frequency modu- 
lation”’ and “‘amplitude modulation,” and who were not well 
acquainted with their effects, were allowed to hear samples before 
the tests commenced. Each person had a switch which could 
be operated without the knowledge of others present on perceiving 
some disturbance thought to be due to the imposed fluctuation. 
This tended to reduce the competitive element and eliminate a 
chain-reaction after the most sensitive listener had recorded his 
impression. Individual identity was lost by this method, but 
identical groups could, of course, be reassembled and individuals 
tested singly when desired. The number of subjects who had 
operated their switches at any given time was registered on a 
meter indicating current flowing through the switch circuits. 

The consideration of frequency fluctuations in a musical 
programme is complicated by the fact that there is no steady 
state of the carrier as in the case of pure tone. Recognition of 
the modulation of a pure tone depends on the ability ot the ear 
to detect the addition of sidebands to a single line of the audio 
spectrum, whilst the other extreme—the recognition of modula- 
tion of white noise—is dependent on the ability to detect the 
order introduced into a chaos aurally invariant in time. A 
musical programme lies between these extremes, with the 
order/disorder relation continually varying. It is well known 
that a fixed degree of wow or flutter is more noticeable on piano 
music than on speech—indeed, a very large fluctuation is neces- 
sary sensibly to affect speech. Thus, to fix a permissible level of 
wow and flutter for practical purposes, it is best to select a type 
of programme material in which the effect is most obvious, so 
that on other material this level will be well within tolerance. The 
closest instantaneous approach to an ordered pure-tone regime 
is achieved by a piano or church organ. In many other instru- 
ments, as in the voice, it is common for the performer to introduce 
vibrato effects which may be mistaken for wow. In the main 
body of programme experiments, therefore, a piano solo was 
used, provided conveniently by an automatic player-piano. 
The instrument had to be well tuned, otherwise beats, greater 
than those inherent in the equal-temperament scale, could to 
some extent mask the wow. 

One of the compositions used for experiments was Ireland’s 
Island Spell, another was a Liszt transcription of Schubert’s 
Am Meer, edited by removal of the more florid sections. Both 
works presented steady, slow chords, making possible the adop- 
tion of the following procedure. A particular waveform and 
frequency of fluctuation having been selected, the piano pro- 
gramme was modulated in increasing discrete steps of 10-20sec 
duration and the reading of the switch meter noted at the end 
of each step. At any particular modulation level sufficient time 
was allowed for passages of easy wow recognition to be included, 
and variations of sound level and tone duration were reasonably 
constant between any group of modulation values. Any acci- 
dental weighting due to the character of the music when a certain 
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modulation level was presented could be corrected by giving 
further tests in which the process was repeated, with the same 
sequence in different musical context. The increase of wow 
was continued stepwise until the most insensitive listener indi- 
cated recognition. Suitable increments of fluctuation amplitude 
were decided by means of pilot experiments. 

As the initial experiments progressed, it became apparent that 
the subjective threshold of the frequency fluctuations was 
sufficiently large to permit pre-recording of timed test sequences 
from the programme fluctuation generator. A check showed 
that there was no significant difference in the results given by the 
same group of subjects when tested direct with the generator and 
with a pre-recording done on a machine possessing inherent 
fluctuations of the order of 0-1% peak with waveforms of an 
irregular nature. Experiments with amplitude modulation were 
also carried out in this manner. 


(3) GENERATION OF AMPLITUDE FLUCTUATIONS IN 
TONES AND PROGRAMME MATERIAL 

To simulate the unwanted amplitude fluctuations in recorded 
programme material, it is necessary to amplitude-modulate a 
carrier (the programme) which has an extensive spectrum, and 
to do this in a manner which produces the necessary sidebands 
without significantly distorting the carrier or adding the modula- 
tion function to the output. 

Fig. 1 shows the basic circuit employed, the programme- or 
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Fig. 1.—Circuit of amplitude-fluctuation generator. 


tone-voltage being V; and the modulated output Vo. The 
rectifiers X have resistances which are functions of the modulating 
e.m.f. applied to them. In addition to the resistive change, the 
modulating e.m.f. itself appears across X, but this can be 
eliminated by using the balanced arrangement shown, and the 
output from T, then contains only the wanted products. The 
modulating signal is fed from a cathode-follower to the junction 
of the rectifiers and mid-point of the primary winding of T>, 
the potentiometer P serving to adjust the standing potential on 
the rectifiers to produce the best conditions. When the values 
of alternating and direct potentials are suitably proportioned, 
sensibly linear modulation up to about 25% can be obtained, 
but great care must be taken to avoid both resistive and reactive 
unbalances if the modulating signal itself is to be kept below the 
threshold of audibility. The calibration of this modulator 
presents no special difficulties. 


(4) RESULTS OF AMPLITUDE-MODULATION LISTENING 
TESTS 


(4.1) Tone with Sinusoidal Modulation 


The subjects in this test were eight engineers fairly accustomed 
to listening to such effects, and the signals were presented through 
headphones at a constant level of 75 phons. The mean values of 
the results for threshold of detection are plotted in Fig. 2. The 
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Fig. 2.—Subjective threshold - 7 sinusoidal amplitude-modulation 
of tone. 


general appearance of the variation is not unlike the Fletcher- 
Munson loudness contour? for moderate levels. There is 
enhanced perception of modulation frequencies around 3 or 4c/s, 
but below 0-5c/s perception becomes more difficult as memory 
is called into play. The finding that perception is most difficult 
at modulation frequencies around 50c/s was at first suspect, 
but it confirms the results of Zwicker.? 

The rise of threshold towards the lower test frequencies, which 
takes place at all modulation frequencies, is doubtless related to 
the decrease of just-noticeable loudness steps in the intensity 
gamut at low frequencies.* It will be observed that there is a 
sudden dip in the curve when a tone of, e.g., 100c/s is modulated 
at the same rate. This is because the slow beating of frequencies 
in this condition is more easily detected than the higher-frequency 
components causing it. 

Over a large part of the audio spectrum, amplitude modulation 
of 2-4% is necessary for aural detection, depending on the 
modulation frequency. The standard error of the means was 
of the order of 5% over this region, but it rose to about 10% 
in extreme regions, i.e. when using a modulation frequency of 
100c/s or a test tone of 10kc/s modulated at almost any fre- 
quency. The means for a larger population may be even greater 
in the high tone-frequency region, for the sensitivity to high 
frequencies decreases with age and other factors, and in the 
present experiments the ages of subjects lay mostly between 
thirty and forty years. From these results it is evident that 
amplitude modulation produced directly in velocity-responsive 
systems is of relatively little consequence, for it will be shown 
that about 3 % of frequency modulation is far more objectionable. 

Some results were obtained, for a test tone of | kc/s only, 
showing the effect of amplitude modulation between 100c/s and 
10kc/s. These revealed a steady reduction of threshold, except 
where detection is made difficult by beating effects, down to a 
minimum of 0-2% at 6kc/s modulation frequency, after which 
the threshold rose to 0-4% at 10ke/s. 


(4.2) White Noise with Sinusoidal Modulation 


The subjective effect of amplitude-modulated noise is of con- 
siderable practical interest. In conditions where the recorded 
signal/noise ratio is low, such as might occur in the dubbing of 
archives, it may well be a most significant factor. The results of 
experiments to determine the variation of subjective threshold for 
sinusoidal amplitude-modulation of white noise heard through a 
loudspeaker is shown in Fig. 3. As with pure tone, the most 
sensitive discrimination is found in the region of 3-4c/s, where 
the threshold is 5%. At modulation frequencies higher than 
this, the threshold increases to 17-5°%, where it remains up to 
the highest modulating frequencies employed. This difference 
from the pure-tone case may be explained by the difference in 
masking effects of noise and tone. 


eh ‘ w 
oe 
a 
"s || | 
a 
a 
Rn. a 
ae Se eeeepeaeee 
a a 
ae Crt tt titi 1 | iit 
Pop ae Oa ETO 
pe | 1 ae it itt 
5: ab: ST PREBUENCE of | im 
a RE SRE Hi 
ha EERE Seee eas == 
ae f aS % gear O55 , Aa 
ee f INS RS S24 a - 
cel mee" ft NSS ee ae 
as CC NSS 
“3 Lit Tt Ty AEs | 
Bis i: Cornet ie 
Sea 100 1000 10000 
aes 
‘jaa 
te 
ia 
kaa 
fe ’ 
me 
Bets 
at 
Tae 
Bx 
fa 
Pete 
yee 
ae T 
Em ih i 
Sod a ‘ 
ea - ti 
ie 
marys 
ee 
4 Aire ee | 
wees 
ae + - 
Moi: | 
‘ee 
Sg ‘ eee 
ay a 
tee 
ie 
ae 
£ ie F 
oe 
te 
ee 
Pas 
an 
rae 
a Cee 
as, 
a a 
Fe 
ee 
ie 
ane 
ee) 
"aly 
Ren 
ae 
me 
cee 
Be: 
a 
fe ea 
i 
si Fs: 
bee 
Pe oe 
ye 
Pe as. 
= 
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Fig. 3.—Subjective threshold for sinusoidal amplitude-modulation 
of white noise heard through loudspeaker. 
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(4.3) Piano Programme Material with Sinusoidal and Square-Wave 
Modulation 

To determine the significant order of magnitude of amplitude 
modulation under practical conditions, the threshold of twelve 
subjects was determined when listening to piano programme 
material at the preferred level from a loudspeaker. As before, 
the subjects were engineers, to some extent familiar with the 
nature of the effect. The mean results for sinusoidal modulation, 
which are shown by curve (a) in Fig. 4, suggest that between 2 and 
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Fig. 4.—Subjective threshold for amplitude-modulation of piano 
programme material heard through loudspeaker. 


(a) Sinusoidal modulation, ae aye we mean values. 
(6) Sinusoidal modulation, single val ues. 
(c) Square-wave , pop mean values. 


I indicates standard deviation. 


20c/s the modulation frequency is not critical, whereas at 
0-Sc/s the threshold almost doubles. At still lower frequencies 
the results appear to depend on the sense of absolute intensity. 

Curve (5) in Fig. 4, from observations taken under the same 
conditions, is for one particular subject, who was found through- 
Out various tests to possess exceptionally acute discrimination. 

Curve (c) in Fig. 4 shows the mean results of the whole group 
when the programme material was modulated by square-wave 
transitions. The shape is similar but the threshold, as would be 
expected, is depressed, particularly in the region of O-Sc/s. The 
value there of 10-5 °% corresponds to about 1 dB change, popularly 
supposed to be the least noticeable change of level. 


(4.4) Piano Programme Material with H.F. Sinusoidal and Noise 
Modulation 


A great reduction of threshold is found when tone is amplitude- 
modulated at frequencies above the range 0-100c/s detailed in 
Fig. 2. A test was carried out, on one of the more sensitive 
observers from the previous experiments, to ascertain if a similar 
effect existed for programme material. The results are sum- 
marized in curve (a) in Fig. 5. The general threshold is, not 
unexpectedly, considerably higher than for pure tone, but the 
variation is similar except for the peaks which occur in zones of 
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Fig. 5.—Subjective thresholds for h.f. amplitude-modulation of piano 
programme material. 


(a) Sinusoidal modulation. 
(6) Noise modulation. 


beating in the pure-tone case.. The rapid fall to 0-2% threshold 
at a modulation frequency of 6kc/s corresponds to the result 
found at this frequency with 1 kc/s test material. In this region 
the aural impression is as though each percussive note excites a 
small tinkling bell, and it may not be aesthetically displeasing. 
It provides a good example of the hiatus between threshold and 
annoyance values of these parasitic effects. Such a modulation 
could be produced if a magnetic tape were finely and regularly 
milled across its width, but this is not a likely condition. How- 
ever, similar random variations undoubtedly do occur and give 
rise to noise modulation. The threshold level was therefore 
examined when the programme was modulated with white noise 
restricted spectrally by a series of low-pass filters. The amplitude- 
modulation threshold is shown plotted against the noise cut-off 
frequency by curve (5) in Fig. 5. Except for the absence of the 
sharp dip at 6kc/s, the results obtained closely resemble those 
of h.f. sinusoidal modulation. When modulated in this manner 
the programme is judged to have something of the character of 
low-grade tape-recording or of a slightly worn disc with a gritty 
accompaniment. ‘Fhe marked decrease of the threshold which 
occurs when noise components extend beyond | ke/s is interesting 
and indicates the value of polishing recording tapes. 


(5) GENERATION OF PITCH FLUCTUATIONS IN 
PROGRAMME MATERIAL 


(5.1) General 


In Section 12.1 a mathematical analysis of wow- and flutter- 
generation is given in terms applicable to the generator now to 
be described, and to similar systems. The mechanical design 
of the generator is intentionally simple, in order that the inherent 
fluctuations due to imperfections of manufacture may be small. 
In addition, however, the analysis indicates that design para- 
meters such as the relative disposition of the recording and repro- 
ducing heads and the speed of the recording medium, may be so 
chosen as to reduce even further the residual effect of manu- 
facturing imperfections. It follows that subjective reaction to 
various controlled pitch fluctuations will not be influenced by 
the presence of appreciable accidental components. Calculations 
and measured values of the accidental components present in the 
output of the generator are given in Section 5.5. 


(5.2) Description of Equipment 
The mode of operation of the pitch-fluctuation generator is 
illustrated by Fig. 6. A rigid disc, composed of non-magnetic 
material, is supported in a plain bearing and rotated at constant 
speed by a synchronous-motor drive. The rim of the disc is 
coated with a mixture of magnetic oxides similar to that normally 
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Fig. 6.—Sketch plan of pitch-fluctuation generator for programme- 
material experiments. 


applied to the plastic backing of magnetic tapes. As the disc 
rotates it passes, in turn, an erase head, a recording head and a 
reproducing head. Each of these is separated from the magnetic 
coating by a gap of about 0-000Sin. In the case of the recording 
head this separation from the coating results in a drop in recorded 
level which can be restored by a reasonable increase in the bias and 
recording currents. The output obtained when the gap between 
the reproducing head and the coating is d is proportional to the 
factor e—274/4, where A is the recorded wavelength. This repre- 
sents a drop of approximately 55 dB in signal level for a separa- 
tion equal to one wavelength. At short wavelengths the effect of 
even small separations is therefore very great, so that if the 
reproducing head is kept out of contact with the disc, the record- 
ing speed must be increased above normal to increase the wave- 
lengths and reduce losses at higher frequencies. Furthermore, 
any variation in the nominal separation between reproducing 
head and coating, due to eccentricity or other causes, must be 
small in comparison with the shortest wavelength of interest, if 
noticeable amplitude-modulation of the signal is to be avoided. 
The choice of a high peripheral speed for the disc (in this case 
100in/s) thus permits both reasonable separation and sensible 
manufacturing tolerances. The reproducing head, which is 
described in detail in Section 5.4, is of light, miniature construc- 
tion and is mounted on the end of a duralumin cantilever rigidly 
fixed to the centre of the moving coil in a conventional moving- 
coil system. The coil, and hence the cantilever and head, can 
move about the same vertical axis of rotation as the magnetic disc. 
Suppose that the disc is rotating and that a programme signal is 
fed into the recording head, together with the necessary bias 
current. If the reproducing head is stationary the recording 
track will be moving past it at constant speed, neglecting, for the 
present, inherent speed fluctuations due to imperfections in the 
manufacture of the wheel or its driving system. AL.f. alternating 
current fed into the moving coil will force it to oscillate about its 
axis, and the head will move to and fro. A wow or flutter is 
thus created in the reproduced output by the periodic fluctuation 
in the relative speed of the disc past the reproducing head. The 
frequency and amplitude of the wow or flutter depend on the 
exciting current and the length of the cantilever. Such a device 
is practicable only when the head is working out of contact with 
the magnetic medium. Since the moving coil is coaxial with the 
disc, the gap between the reproducing head and the coating 
remains nominally constant, whatever the amplitude of oscillation 
of the cantilever. Thus no amplitude modulation accompanies 
the flutter produced by the generator other than that due to any 
residual eccentricity of the disc itself. The calibration of the 
generator is described in Section 12.2. 


(5.3) The Moving-Coil Drive System 
The essentials of the electrical arrangement for the moving-coil 
drive are shown in Fig. 7. Response at frequencies as low as 
0-Sc/s is necessary, and direct coupling is employed except for 
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Fig. 7.—Circuit of moving-coil system of generator. 


the penultimate stage. The centre-tapped coil L is fed in balance 
from the cathode-followers of the valve V2. Preceding this stage 
is a phase-splitter V,, into which the modulating e.m.f. is fed 
through corrective networks of suitable response. The balance 
of currents in each half of the coil can be controlled by the 
potentiometer P, which adjusts the bias on one output valve, 
and serves to centre the rotating head. If the horizontal canti- 
lever attached to the coil were constrained to a centre position 
by mechanical compliances, points of resonance would tend to 
occur within the working range. Slow drift of the zero position 
is corrected by a simple step feedback system. A fine-spring 
wiper arm, S, is connected to the cantilever, and moves across 
two adjacent contacts separated by a thin sheet of insulation. 
The wiper is connected through a high resistance, R, to a negative 
bias source, and the two contacts to the grids of V2. Should the 
coil drift from centre, the wiper touches one of the contacts so 
that R, is connected in parallel with R, across one of the grids. 
The potential on the grid changes with a time-constant dependent 
on the values of C, R,, and R,, reducing the current in one-half 
of coil L, and slowly restoring the central position. The correct- 
ing motion can be made sufficiently slow to be of no consequence 
to the output, since the degree of fluctuation is velocity-dependent 
and relatively hard to detect subjectively when the rate is low. 

The disposition of the magnetic heads around the disc is of 
importance. It is shown in Section 12.1 that the recording and 
reproducing heads should be close together to reduce the effect 
of any accidental wow and flutter in the system. The reproducing 
head cannot be conventionally screened because mass would be 
added to the cantilever and the inertia would rise excessively. 
Extra precautions must therefore be taken in screening the 
recording and erase heads, and for this reason the erase head is 
moved to the opposite side of the disc, as far from the reproducing 
head as possible. The permanent magnet of the moving-coil 
system is also totally enclosed in a steel box to prevent leakage 
flux affecting the recording system. 


(5.4) The Reproducing Head 

For minimum inertia in the moving-head system the repro- 
ducing head must be as light as possible whilst maintaining 
adequate sensitivity for out-of-contact working. A conventional 
core consisting of a stack of Mumetal laminations would be too 
massive, and the core is therefore formed of a single rectangular 
lamination sprung into cylindrical form and held in position by 
a light clamp of plastic material. A reproducing gap is formed 
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SUBJECTIVE DISCRIMINATION OF PITCH AND AMPLITUDE FLUCTUATIONS IN RECORDING SYSTEMS 


between the two ends of the lamination, which are held a suitable 
distance apart by a spacer. Two coils are wound around the 


lamination and suitable spaces are cut in the plastic clamp to. 


accommodate them. The coils are connected to the external 
circuit by fine wires which do not appreciably affect the mech- 
anical stiffness of the system. The frequency response of this 
head can be made almost identical with that of good conventional 
heads, but its sensitivity is less. 


(5.5) Accidental Pitch Fluctuations in the Generator 


In Section 12.1 it 1s shown that the ratio of the instantaneous 
frequency, f,, of the e.m.f. produced by the fluctuation generator 
to the frequency, f, of the input is given by the equation 


Sf = 1 + (wvs}r2) cos w(t + To/2) — (vi[v9) cos w(t + To) 


where __ s is the mean distance between the recording head and 
the moving reproducing head, 
Up is the constant component of the recording medium 
velocity, 
v sin wf is a representative component of recording-medium 
velocity causing accidental flutter, 
VY, COS wt is the velocity of the moving reproducing head, 
causing intentional flutter, 
and Tp is the time given by s/vp. 


If the generator is perfectly made then v = 0, and putting this 
value in the equation gives simply 


SAF = 1 — @]%9) cos a, (t + To) 


which is the desired result. In practice, however, v is finite, 
for there are always some small irregularities of traction even in 
well-designed systems. The irregularities are mostly of a random 
nature with superimposed periodic variations due to motors, 
idlers, etc.5 The first equation above indicates how these 
accidental fluctuations can be minimized in the system described. 
The second right-hand term represents the uncontrolled varia- 
tions, and it will be seen that the effect of a given value of v 
depends on the factor ws/vZ. For minimum accidental fluctua- 
tion in the output it is necessary to make the velocity, v, of 
the recording medium large, the separation, s, of the heads 
small, and the frequency, w/2z7,, of the accidental speed variation 
low. 

In the fluctuation generator described, the peripheral velocity 
of the disc is 100in/s and the radius is such as to give a funda- 
mental value of w of about 20rad/s. A minimum value of 
s = 1-75in is set by head dimensions. The factor ws/vp gives 
the reduction of fundamental wow from any disc eccentricity 
as being 0-35. A greater reduction factor is unnecessary, for 
the eccentricity which can be tolerated is even more severely 
limited by the amplitude modulation which arises from variations 
in the separation between reproducing head and coating. More 
important are the speed fluctuations, at 25c/s (the synchronous- 
motor speed) and other frequencies, from the driving system. 
These are eliminated by increasing the inertia of the disc by 
means of a flywheel and by driving it through a highly compliant 
belt. The resulting low-pass filter section leaves only fluctuations 
with frequencies predominantly in the region of 1c/s, and these 
are effectively reduced by the correlation mechanism considered. 
With the same constants as before, except for w = 27, the 
reduction factor is 0-11. 

Actual measurements of accidental fluctuations from the 
generator gave a value of 0-03°% peak, the fluctuation output 
consisting of a mixture of random components and periodic 
wow at the fundamental frequency of rotation in roughly equal 
parts. This small value is of no consequence from the subjective 
viewpoint. 


147 


(6) GENERATION OF PITCH FLUCTUATIONS IN TONES 
A portable tone source® was used to produce wow and flutter 
in pure tones, with the modulating signal injected in place of the 
fixed warble tone normally produced in the instfument. In 
essence, the modulating signal was made to vary the gain of an 
amplifier controlling the capacitance presented to a tuned circuit, 


-by means of the Miller effect, and hence to vary the frequency 


of the beat-frequency oscillator. Sinusoidal modulating signals 
at frequencies down to 0-S5c/s were generated externally by a 
Wien bridge oscillator, whilst square and pulse waveforms were 
produced by a multivibrator. The calibration of this system is 
described in Section 12.2. 


(7) RESULTS OF PITCH-FLUCTUATION LISTENING TESTS 


(7.1) Tone with Sinusoidal Modulation 


The perception of frequency fluctuation is dependent on what 
is often called the differential pitch sensitivity of the ear, a 
property which depends on the conditions of experiment. The 
classic experiments of Shower and Biddulph’? were made with a 
somewhat arbitrary waveform, in the sensitive region of 2 or 
3c/s, modulating pure test tones, which were then presented 
through headphones at various intensity levels. The experi- 
ments here described are intended to cover a wider range of 
modulating frequencies and waveforms at a fixed intensity level. 

The mean results for a group of twelve subjects (engineers, 
aged 30 to 40 years) listening through headphones, are shown in 
Fig. 8. The graph indicates the peak fractional frequency- 
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Fig. 8.—Subjective threshold for sinusoidal frequency-modulation of 
tone. 


deviation just detectable at frequencies in the audio range, with 
the modulation frequency as parameter. When expressed in this 
manner the results show that much smaller percentages of fre- 
quency change than of amplitude change (Fig. 2) are noticeable. 
Other features are common, however, such as the increase of 
threshold at low frequencies, the sensitive region around 1 ke/s 
and the sensitivity to modulation frequencies of 2 or 3c/s. There 
is also the zone of beating when 100c/s is auto-modulated, and a 
threshold maximum around 50c/s modulation frequency. The 
standard error of the means was of the order of 5% except at 
extreme values of both parameters, where it was twice this value. 

Here again the experiment was extended, using | kc/s test tone, 
to include modulation frequencies up to 10kc/s. Above the 
0-100c/s region, detailed in Fig. 8, the results show a remarkable 
similarity to those obtained for amplitude modulation (Sec- 
tion 4.1) if, instead of fractional frequency deviation, the modula- 
tion index is plotted, i.e. the ratio of deviation to modulation 
frequency. The threshold index shows a steady fall to a mini- 
mum value of about 0-2°% at a modulation frequency of 6kc/s 
and a subsequent rise to 0-4 % at 10kc/s. As before, this steady 
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variation is interrupted by zones where detection is difficult 
owing to beating effects. 


(7.2) Tone with Square-Wave and Impulsive Modulation 
The experiments described in Section 7.1 were repeated with 
square-wave modulation, and also with impulsive modulation 
produced by “‘differentiating” square waves in various degrees to 
produce exponential decays corresponding to time-constants of 
40, 5 and 1 millisec. The greater number of sidebands produced 
by these more abrupt modulations of the tone would be expected 
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Fig. 9.—Subjective threshold for gn igaaaae and impulsive modulation 
of tone. 
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to lower the threshold values. The results for square-wave 
modulation, shown in Fig. 9, confirm this and indicate that the 
threshold magnitude is also less dependent on modulation fre- 
quency than in the case of sinusoidal modulation. Modulation 
by impulses decaying with a 40millisec time-constant gives 
threshold curves lying above the square-wave curves (though still 
below the corresponding sinusoidal thresholds) and dependence 
on modulation frequency is further reduced. For impulses with 
decays corresponding to time-constants of 1 to Smillisec, the 
subjective threshold level is virtually independent of the time- 
constant or repetition rate, between 1 c/s and 25c/s at least. The 
variation with these two parameters is of the order of experi- 
mental error, and a single representative curve has been drawn 
through the points. For square waves the standard error of 
the means was, in general, less than 5% in the 1 kc/s region, again 
rising to about twice the value in the 100c/s region. 

That the perception of a series of “‘plops” does not markedly 
depend upon the rate of presentation seems reasonable from 
spectral considerations, for at 5 millisec the envelope of sideband 
energy is spread beyond 60c/s, and the detail of line spectrum 
within it is unlikely to be of first-order consequence to the 
filter system of the ear. 


(7.3) Piano Programme Material with Sinusoidal Modulation 


Possibly the most important fluctuation phenomena in record- 
ing systems are the periodic effects associated with non-centred 
discs or eccentric drive mechanisms. Modern recording practice 
involves a fundamental wow and flutter range from 0-55c/s, 
found in long-playing and transcription discs, to 96c/s, which 
occurs in ciné-film equipment. The experiments described in 
this Section were arranged to cover that frequency range as far 
as possible using the piano programme material previously dis- 
cussed. The subjects, about seventy in number, were of various 
age groups and included fourteen females, sixteen males not 
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Fig. 10.—Subjective thresholds and standard deviations for sinusoidal frequency-modulation of piano programme material. 
(a) 16 lay male subjects. 
(6) 70 miscellaneous subjects. 
(c) 14 female subjects. 
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SUBJECTIVE DISCRIMINATION OF PITCH AND AMPLITUDE FLUCTUATIONS IN RECORDING SYSTEMS 


associated with sound engineering, and over a dozen engineers 
having specialist interest in the experiments. 

The results of the listening tests are shown in Fig. 10. The 
upper curves are the mean values; curve (b) for the whole popula- 
tion, curve (a) for the sixteen lay males, and curve (c) for the 
fourteen females. The lower curves, labelled correspondingly, 
show the standard deviations in each category. The curve of 
threshold values against number of subjects exhibiting a given 
threshold, i.e. the voting distribution, was reasonably normal 
for the larger population at all modulation frequencies. The 
histogram for 1-3c/s modulation, typical of the results obtained, 
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Fig. 11.—Distribution of subjective thresholds for 1-3c/s sinusoidal 
frequency-modulation of piano programme material. 


is shown in Fig. 11 with the corresponding normal distribution 
superimposed. 

The standard deviations of the three populations, shown 
in Fig. 10, were calculated on a basis of normal distribution, 
although the threshold distributions of the two smaller popula- 
tions were sometimes slightly skewed towards the higher fluctua- 
tion values. 

The curves exhibit features in common with those for pure 
tone, except that the most easily recognized modulation frequency 
has increased from about 3c/s to between 5 and 10c/s, and the 
maximum which appeared round 50c/s in pure tone tests is not 
now in evidence. A new feature is the slightly raised threshold 
at 2-5c/s, which becomes progressively more marked with the in- 
crease of threshold values in passing from curve (c) to curve (a). 
A similar tendency is manifest in the standard deviations, which 
show a peak at 2-5c/s in all three cases. The reason for this 
effect is not understood; it has been observed at various times, 
with different piano programmes and in different listening rooms. 
When the results of individual listeners are examined, two 
distinct classes appear, namely those with raised thresholds at 
2-5c/s and those without this feature. The absence of raised 
thresholds seems more common in. subjects familiar with piano 
music, and the possibility of some rhythmical content confusing 
discrimination at this frequency, especially in lay subjects, 
cannot be dismissed. An examination of the fluctuations in 
sound intensity throughout the selected piano programme 
material showed that they were predominantly around 1c/s, 
the fundamental rate of the music, falling sharply at frequencies 
above this, but there was relatively greater fluctuation around 
2-Sc/s than the general trend would suggest. Although this 
aspect has not been pursued, it seems reasonable to suppose 
that such abnormal amplitude fluctuations might mask accom- 
panying frequency fluctuations. 

The results in Fig. 10 exhibit a very similar trend in the means 
of the populations represented by curves (a) and (c), despite the 
fact that with the relatively large deviations (of about 30%) 
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there is little significance in comparing means at a particular 
modulation frequency. The fact that the curves closely maintain 
a similar shape over the whole frequency range, however, suggests 
greater significance. This was checked by combining the read- 
ings of the samples for all frequencies in the tests. To achieve 
this, the means and deviations at a particular frequency were 
first expressed as percentages of the whole population mean. 
Three new sets, including readings for seven frequencies up to 
50c/s, were then derived and their means and standard errors 
calculated for the combined number of measurements (i.e. for 
seven times the number of subjects in the original samples). 
The results are given in Table 1. 


Table 1 


Population 


(a) 16 lay male subjects .. 
(6) 70 misc. subjects a 
(c) 14 female subjects 


The threshold difference between subjects of samples (a) and 
(c), taking into account all modulation frequencies, clearly has a 
marked significance, although with such small samples there is a 
possibility of unsuspected bias. 


(7.4) Piano Programme Material with Square-Wave 
Modulation 

The tests involving square-wave modulation were restricted to 
fundamental frequencies below 10c/s because of the limited 
response of the fluctuation generator. The group of subjects, 
28 in number, was similar in composition to the whole population 
[curve (5)] of Section 7.3, and again the voting distributions were 
of normal character. 

The results, summarized by Fig. 12, show that both the means 
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and deviations are, in general, less than for the sinusoidal case, 
as would be expected. The depression of threshold is most 
marked at the lowest frequencies, where the harmonics of 
modulation fall within a descending part of the corresponding 
sinusoidal modulation curve (Fig. 10), tending to enhance 
recognition. The reverse is true above 5c/s, where the harmonic 
modulation frequencies are less effective in relation to the funda- 
mental. With the spectrum restricted to about 100 cycles, 
the curves for square-wave.and sinusoidal modulation would be 
expected to become nearly identical around 10 or 20c/s, and this 
appears to be the case. 
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(7.5) Piano Programme Material with Impulsive Modulation 

The effect of transient wow due to intermittent causes, such as 
tape adhesion, can be roughly simulated by applying pulses to 
the flutter generator. The recognition of a single pulse is not a 
matter substantially different from the recognition of a train of 
pulses in which the repetition rate is low, and for convenience 
the pulses were therefore presented at 2sec intervals. The pulses 
reached peak amplitude after 20 millisec and decayed exponen- 
tially with a time-constant of 80millisec. The same group of 
28 subjects yielded a reasonably normal voting histogram, with 
a mean of 0-81% peak wow and a standard deviation of 0-21 %. 


(7.6) Piano Programme Material with Random Frequency 
Modulation 

The residual wow or flutter of high-grade recording machines 
may not have obvious periodicity but may be predominantly 
stochastic in nature.5 It is therefore of interest to examine the 
subjective effects of such fluctuations. The frequency fluctua~- 
tions produced: by the fluctuation generator when fed by a 
source of random noise yielded a Poisson form of distribution 
of the type which occurs in practical machines and which is 
described in more detail in Section 12.2. 

In this particular experiment the piano programme material 
was modulated in discrete steps, and when the number of sub- 
jects showing a particular threshold was plotted against random 
modulation level, a histogram was obtained closely approximating 
to the type to which the random fluctuation amplitudes themselves 
belonged. It was found that the mode of the distribution was 
0-2% (mean fluctuation) and the mean of the distribution 0-3 %, 
which implies peak fluctuation of the order of 0-8%. 


(7.7) Pitch Fluctuations in Other Programme Material 

Vibrato of either pitch or intensity in a musical instrument 
tends to mask fluctuations caused by the recording system. From 
this viewpoint the piano, with its complete absence of vibrato, is 
possibly the most pure tonal generator available; its frequent 
use in the investigations described was based on this considera- 
tion. The organ may speak vibrato from the tremulant stop. 
An example of pitch-fluctuation threshold variation for light 
theatre-organ music is shown in Fig. 13, which gives the mean 
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Fig. 13.—Subjective threshold for sinusoidal frequency-modulation of 
theatre organ programme material. 


1 Standard deviation. 
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results for nine subjects. As far as comparison with curve (b) 
in Fig. 10 is possible, the threshold is seen to be greater than 
that for piano programme material except at extreme flutter 
frequencies. 

The singing voice, too, may have large degrees of vibrato, and, 
in general, the transient nature of speech sounds makes recogni- 
tion of frequency fluctuation difficult. The threshold value for 
speech found by experiment was 2% to 3% peak at Ic/s. 


A. STOTT AND P. E. AXON 


The perception of flutter in orchestral music is a very variable 
factor, for most wind instruments can produce vibrato and 
violms are particularly rich in the effect, with intensity vibrato 
of possibly 50% and pitch vibrato of about a quarter-tone at a 
modulation frequency of about 6c/s. It is therefore hardly 
surprising that orchestral-music thresholds were found to be high. 
No detailed quantitative observations were made, since only the 
most critical case, the piano, is likely to influence recording- 
system design. 


(8) EXAMINATION OF RESULTS 
(8.1) General 


The experiments described have provided information on the 
human discrimination of amplitude and frequency fluctuations 
of various waveforms and frequencies, on tone, noise and 
programme material. Considerable ranges of fluctuation magni- 
tudes and frequencies have been explored in these experiments, 
and it is pertinent to inquire to what extent they may be en- 
countered in practical systems. 


(8.2) Amplitude Fluctuations in Practical Systems 


With regard to fluctuations of amplitude, all frequencies in the 
audio band would seem possible. Consider, for example, a 
recording delay system such as is used in the programme flutter 
generator and is already in use for the production of artificial 
reverberation effects. Any variation in the separation of the 
heads and the medium will cause amplitude modulation, and, 
according to the angular velocity of the drum, these variations 
may be at any frequency from below Ic/s to about 25c/s. 
Amplitude modulation at frequencies above this range to about 
l1kc/s may be produced by creep or distortion in the drum 
material or by tool-chatter in the machining. Finally, small 


- irregularities of surface finish or inhomogeneity of magnetic 


coatings or tapes may produce fluctuations up to the highest 
audible frequencies. These high-frequency amplitude fluctua- 
tions need be only of the order of 0-2% to be audible; in fact, 
some difficulty was at first experienced in eliminating such 
defects from the fluctuation generator. 


(8.3) Pitch Fluctuations in Practical Systems 


It has been noted (Section 7.3) that the fundamental frequency 
of pitch fluctuations in conventional recording systems may lie 
between 0-5 and 100c/s. Fluctuations of about 0-1 c/s or less, 
known as drift, can be dismissed from the present consideration 
as subjectively unimportant unless the pitch wanders far enough 
and for long enough to be noticed by a listener with a sense of 
absolute pitch. Pitch fluctuation frequencies in excess of 200c/s 
are unlikely to be generated to any extent in recording systems 
of current design with the values of inertia and compliance 
usually involved in the mechanical systems. There are, however, 
exceptions, for in magnetic recording systems the mechanical 
properties of the tape are such that it may be excited into longi- 
tudinal resonance by friction or random torques at frequencies 
of 1 kc/s or above, but these effects are unlikely to produce tape- 
speed changes greater than 1 %. 


(8.4) The Composite Curve of Pitch Fluctuation Thresholds 


The subjective threshold for fluctuations at frequencies greater 
than 100c/s was not measured on programme material owing to 
the limitations of the generator, but it is possible to assess its 

magnitude from other data. It has been observed in the case of 
pure tone that the threshold values of modulation indices for 
both amplitude and frequency fluctuations are virtually identical 
for modulation frequencies greater than about 100c/s. ic 
spectral considerations this is hardly surprising, for in this range 
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SUBJECTIVE DISCRIMINATION OF PITCH AND AMPLITUDE FLUCTUATIONS IN RECORDING SYSTEMS 


he identity of modulation indices expresses also the identity of 
nergy distribution in the two principal sidebands, and the lack 
f phase-consciousness of the ear does not enable any difference 
0 be resolved. If a similar identity is assumed for the aggregate 
bf frequencies in the programme source, the frequency-modula- 
ion index for the threshold will follow the amplitude-modulation 
ndex experimentally determined for fluctuations above 100c/s. 
he equivalent frequency excursion, Af, may then be derived 
rom the index value at any point by multiplying by w/27, the 
odulation frequency. The new curve of relative Af excursion 
Above 100c/s can then be normalized to produce the value actually 
bserved at 100c/s, and the composite threshold curve for the 
pntire frequency range produced as shown in Fig. 14. A slight 
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will be discussed, but it must be realized that it may require 
supplementing under special conditions. 

It is possible that when special conditions arise suitable deduc- 
tions can be made from results such as those given here, covering 
the subjective findings on tone and noise. As an example, 
suppose a speech recording is made on a recorder having a 1-3c/s 
wow, from a radio link which introduces a 9kc/s whistle. The 
presence of the whistle may reduce the threshold wow leve! by a 
factor of about 50:1, for it is found that about 0-02% wow 
can be detected on the whistle alone when heard in an average 
room, The 9kc/s level will be less than the 75-phon reference 
level used in the experiments, but as the amplitude-modulation 
threshold rises only by a factor between 2 and 3 for a loudness- 
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Fig. 14.—Composite curves of fluctuation thresholds (amplitude modulation and frequency modulation) 
for piano programme material. 


change of slope is noticeable at the 100c/s junction, but no 
refined curve fitting was attempted because no more can be 
expected from this extrapolation than an order of magnitude. 

The frequency-modulation threshold curve of Fig. 14 indicates 
that a minimum flutter of 1-5°% is necessary to create a subjective 
effect above 100c/s, and about 10% flutter is necessary in the 
region of 1kc/s. There would seem to be little object in extend- 
ing the range of flutter measurement beyond a few hundred 
cycles for programme recording systems as known at the 
present time. 


(8.5) Specification of Tolerable Pitch Fluctuations 


Turning to the problem of specifying tolerable fluctuations 
from the subjective viewpoint, it is clear that some compromise 
is necessary, for if, for example, 3kc/s tone in a room were 
included within the practical scope, the permissible peak fluctua- 
tions could not exceed about 0:005%.9 A reasonable com- 
promise would be to consider the system fluctuations in the light 
of the more stringent programme conditions that occur most 
frequently in practice, such as the piano programmes used in the 
present experiments. A machine satisfactory on that basis would 
be adequate for organ and orchestral programmes, and virtually 
perfect for speech and any unusual transient effects. In other 
words, in the specification of tolerable fluctuations, and in their 
measurement, due weight should be given to the modulation 
‘raayer ses to which the ear is most sensitive and the type of 

ogramme material on which fluctuations are most evident. A 
scheme for carrying out such subjectively weighted measurements 


level reduction from 80 to 30 phons, and the frequency-modula- 
tion threshold rises by a factor of about 2 for the same change, 
the wow threshold can be little more than twice the 0-02% value. 
Thus the tolerable wow level of 2°% for speech alone is reduced, 
in this case, to approximately 0-04°%%. It may be argued that a 
modulation of an existing undesirable distortion is of no concern, 
but the example serves to illustrate the points at issue. In a 
similar manner amplitude modulation of background noise in a 
programme recording may indicate the presence of fluctuations 
which would not be detected on the programme alone. With 
such limitations in mind, the specification of tolerable fluctuations 
on programme material will be examined, special regard being 
paid to the formulation of a practical measuring scheme. 


(8.6) A Universal Weighting Curve for Pitch-Fluctuation 
Measurements 


The ideal subjectively weighted measuring device should, when 
threshold value is reached, give the same indication whatever the 
type and frequency of the fluctuation being measured. It will 
be shown that the results given here, as summarized in Fig. 14, 
enable a good approximation to this ideal device to be obtained. 
Consider first any single component of a sinusoidal wow or 
flutter lying in the range 0-5-200c/s. If the fluctuation is applied 
to a discriminator giving faithful conversion in this range, and 
the output envelope is equalized by a network whose frequency 
response is the inverse of the frequency-modulation curve of 
Fig. 14, then the final output will be constant at threshold value 
throughout the frequency range. When there is more than one 
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fluctuation component present, the system will still suffice and 
the threshold will be indicated at the critical peak value of the 
weighted sum. If, for example, two equal components have 
frequencies close to one another, giving a slowly beating fluctua- 
tion, the threshold is essentially at the peak value of the mixture 
that equals the threshold of one component alone. If the 
frequencies are well separated, the one of lower threshold of 
course predominates. Thus, for a Ikc/s tone, threshold is 
0-2% at a wow frequency of 1-3c/s and 0-4% at a flutter 
frequency of 25c/s, whilst a check experiment showed that the 
threshold for an equal mixture is 0-26%. In the equalizing 
system suggested, half weight is given to the 25c/s component 
and the resulting relative outputs are: 


At 1-3c/s 0-2 x 1 =0-2 
At 25c/s 0-4 x 4 =0-2 


1-3c/s0-13 x 1 
= { 25c/s 0-13 x i a 


which, for practical purposes, is an identical and correct threshold 
indication in each case. The thresholds for several such mixtures 
were determined experimentally and found to agree equally well 
with the values which would be indicated by the measuring 
system. 

Consider now the effect of another periodic waveform. 
Experimental observations have been obtained on square-wave 
modulation up to a frequency of 10c/s. 
applied to the suggested weighting network the resulting relative 
peak value will not alter substantially with frequency in the 
region of 6c/s or above, but when the frequency is below this 
an overshoot takes place due to the selective increase of harmonic 
content. The amount of overshoot relative to the input is 
shown in Fig. 15 for modulation frequencies of I c/s, 2-5c¢/s 


a/2 0 
(2) 


Fig. 15.—Response of suggested weighting network to square-wave 
input signal. 
‘Input waveform. Output waveform, 
(a) 1 c/s square wave up to harmonic of 15 c/s 
peak output/peak input = 2- 
(6) 2-Sc/s square wave up to harmonic of 27-5 c/s 
peak output/peak input = 1-5 
(c) 6c/s square wave up to a of 54c/s 
peak output/peak input = 1-0 


and 6c/s. The graphs are approximate and show the effect of 
weighting the stated number of harmonics without considering 
relative phase differences. Constant peak-output of the network 
is achieved only if the square-wave input signal is reduced by the 
ratio of peak input to output, i.e. by approximately 1/2-3, 1/1-5 
and 1 in the three cases considered. The subjective measuring 
device thus indicates the square-wave modulation threshold at 
fluctuation amplitudes reduced by these factors below those of 
the corresponding sinusoidal cases. The comparative square- 
wave thresholds as indicated by the proposed measuring chain 
and determined in the subjective experiments are given in 
Table 2. 

The last two lines show that the agreement between the pro- 
posed indicating system and experiment is adequate, although 


If square waves are . 
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Table 2 


COMPARATIVE THRESHOLDS FOR SQUARE-WAVE FREQUENCY 
FLUCTUATION 


Fluctuation frequency 


1-Oc/s 2-Sc/s 6-0c/s 


Measured peak threshold for sinu- 
soidal fluctuations, % . 
Calculated reduction’ factor for 
square-wave fluctuations ‘ 
Peak square-wave amplitude when 
measuring chain indicates 
threshold, % .. we av 0-4 
Measured peak threshold for 
square-wave fluctuations, % .. 0-5 


0-9 
1/2-3 


0-7 
1/1-5 


0-4 
i/t 
0:5 
0-4 


0-4 
0-4 


there is over-compensation below about 1-5c/s and under- 
compensation above. 

Finally, consider the effect of the proposed weighting curve on 
the continuous spectra which are involved in the measurement 
of pulse and random modulations. The experiments yielded a 
mean threshold value of about 0-8°% peak in each case, the) 
bandwidth of the modulation being restricted to 100c/s by the 
design of the fluctuation generator. The statistical distribution 
of amplitudes in the random-frequency fluctuation tests can be 
shown to obey a Poisson relation (see Section 12.2.1). It 
follows that amplitudes up to 0-8°% peak comprise 99% of the 
fluctuations occurring in a random set of this nature. Assuming 
the maximum weighting to be unity at 6c/s, where the sinusoidal ] 
threshold is 0-4% peak; the ratio of peak output to input should 
then be 0-5 in both the random- and pulse-modulation cases if 
true threshold is to be indicated. An approximate analysis 
suggests that such is the case. A modulating pulse of the form 
e—*t, (t > 0) has a Fourier transform (k + /w)~', and its spectrum 
amplitude, |k + jw|~', is shown as curve (c) in Fig. 16 for an 


20 30 
FREQUENCY, c/s 


Fig. 16.—Determination of weighted output spectra for random and 
impulsive fluctuations. 
(a) Reference line. 
(5) Inverse threshold curve for si idal dul 
(c) Relative amplitude/frequency spectrum of impulse with 80 millisec time-constant. 
(d) Relative amplitude/frequency spectrum of output signal. 


80 millisec time-constant. The spectrum of the output signal 
[curve (d)] has been weighted by the inverse-threshold curve (5). 
The relative frequency spreads of curves (c) and (d) are similar, 
and by the Fourier-integral energy theorem the ratio of peak 
output to peak input should be roughly proportional to the 
ratio of areas beneath curves (d) and (c), which is about 0-6. 
In the random-modulation case, assuming an input spectrum 
level up to 100c/s, weighting curve (5) is the relative amplitude 
spectrum of the output, and the peak-output/peak-input level will 
be the ratio of areas beneath curve (5) and line (a) in the range 
0-100c/s, which is about 0-4. 

The. suggested frequency weighting thus yields a constant 
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indication of subjective threshold value to within about 20% in 
all cases considered, which in view of the variations of judgment 
involved in such phenomena may be considered a reasonable 
result. An absolute calibration of the system is required, and 
this could be performed at a frequency of, say, 6c/s, taking as 
standard the mean value of 0-4%. For critical standards it 
might be preferable to assume a value of the mean less twice 
the value of the standard deviation, so that fewer than 5% of 
listeners would be expected to notice a defect in a recording 
up to standard. This value corresponds to 0-14% peak, or 
0-1%r.m.s., for a sinusoidal fluctuation, which is a value that has 
been accepted for many years as a good criterion for total 
permissible r.m.s. flutter in recording systems. 


(8.7) A Universal Weighting Curve for Amplitude-Fluctuation 
Measurements 

A similar method of weighting can be employed for ampli- 
tude fluctuations, using a curve which is the inverse of the 
amplitude-modulation threshold curve for piano programme 
material, and is also reproduced for the whole frequency range 
in Fig. 14. If information about h.f. modulation is not required, 
the peak around 6kc/s can be removed; if it is retained, care 
must be taken to exclude sources of noise, such as thermal 
and shot noise, which are present even when the recording 
medium is at rest. 


(8.8) Measuring System for Frequency and Amplitude 
Fluctuations 


A block diagram of the proposed measuring system for both 
frequency and amplitude fluctuations is shown in Fig. 17. In 


The threshold in this case may also be confused by external 
factors concerned with the acoustics of rooms and loudspeakers. 
However, a practical and realistic approach to the problem is 
provided by considering results for the piano, for this instrument 
is well known to reveal, in the highest degree, the shortcomings 
of any normal programme-recording system. Consequently, a 
recording system manufactured to a standard suitable for piano 
programme material should be adequate for the recording of 
any other type of entertainment. The subjective tests carried 
out have involved a variety of listeners, expert and otherwise. 
Here again, such a compromise is necessary, for it would be 
possible to select individuals ho are very sensitive to accidental 
amplitude- and frequercy-modulations compared with fhe 
average listener. Wit’: these provisos the experimental results 
and calculations indicate that it is feasible to define frequency- 
weighting characteristics which can be incorporated into measur- 
ing chains so that the :.ubjective effect of the accidental amplitude- 
and frequency-modulations occurring in any practical recording 
system can be registered. 

It is hoped that the composite curves of measured fluctuation 
thresholds, summarized in Fig. 14, and the weighting charac- 
teristics which are the inverse of them, may provide a basis on 
which to lay down permissible standards of accidental amplitude- 
and frequency-modulation in recording systems. An encouraging 
feature of the results is that the standards required to suit the 
great majority of listeners are within reasonable engineering 
tolerances. 

Many of the experimental results given here may have applica- 
tion in other fields such as those concerned with the mechanism 
of hearing. 
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Fig. 17.—Block diagram of measuring system for frequency and amplitude fluctuations. 


practice, a tone from the reproducing chain in which frequency 
or amplitude modulation occurs would be fed, in turn, into the 
frequency- and amplitude-modulation chains and a reading 
obtained on the peak reading device or oscillograph, which had 
previously calibrated in absolute terms. A tone of frequency 
3kc/s, which is becoming standard for such tests, could of course 
be employed. 


(9) CONCLUSION 


The development of suitable test apparatus has enabled the 
subjective: thresholds established in the course of the work 
described to be related essentially to the practical case in which a 
programme of music or speech is recorded for entertainment 
purposes. Experience has shown that there is a wide range of 
tolerances and subjective thresholds and that they depend on 
the nature of the programme being recorded. The recording 
of single tones, for example, may require exceptional manu- 
faciuring accuracy and adjustment in the recording and repro- 
ducing systems if no unwanted modulation is to be detected. 
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(12) APPENDICES 
(12.1) Mathematical Analysis of Wow and Flutter Generation 
Consider the recording system shown schematically in Fig. 18. 
The medium moves past a stationary recording head with 
a velocity compounded of constant velocity v9 and a small 
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MEDIUM Pe 
6 
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VELOCITV=V,cos ut 


Fig. 18.—Mathematical relations in a frequency-fluctuation generator. 


unwanted variation vsin wf, a representative component of 
inevitable traction irregularities. Suppose that there is a correla- 
tion between the recording and reproducing process such that 
the reproducing head is centred at a distance s from the recording 
head, with reproduction taking place at a time of order Ty = s/v9 
later. Let there be some relative motion of the reproducing 
head (as in the pitch-fluctuation generator described) which can 
be represented by a small velocity v, cos w,f, thereby causing 
the separation of heads to be s(t) = s + (v,/w;) sin wt. It is 
proposed to determine the instantaneous frequency f, which will 
be reproduced from the system under various conditions when a 
signal of frequency / is fed into it. 

It is first necessary to determine 7, the time at which reproduc- 
tion takes place. Since both the velocity and distance traversed 
by a recorded element before reproduction are time-dependent, 
T is found from the equation 


(Up + v sin wt)dt 


5 + (¥,/e»,) sin w(t + T) = v9T — (v/w) [cos w(t + T) — cos wt] 
T—T)=T, sin w,(t + T) + 72[cos w(t+T)—cos wr] (1) 
where To = 5/09, T, = v/v, Tz = vfvgw 

Clearly |T — To| < T, + 272 

Unless w and w, are very small, 7, and 72 are small quantities, 
Since v/vp is of the order of 1% or less in any reasonable practical 
system and v,/v9 is of the same order in the flutter generator 
described in Section 3. Hence squares of these quantities may 


be neglected and 7) substituted for T in the right-hand side of 
eqn. (1), yielding the approximation 


T= To + T, sin w,(t + To) oa Tz [cos w(t a To) _ cos wt] 
(2) 


or 
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A recorded signal V; = ®(¢) is reproduced as Vp = kD(t — T), 


where & is some transfer constant, so that 
Vo = k®{t — Ty — 


T, sin w(t + To) 
— T,[cos w(t + To) — cos wt]} 
The ratio of the instantaneous frequency f, of output to the 
instantaneous frequency f of input will be d(t — T)/dt, by the 
usual definition, so that in this case 
S,1f = 1 — wT, cos w(t + To) 
+ 2wT2 sin (wT /2) cos w(t+ To/2) 
If s is made sufficiently small, 
sin (w7>/2) ~ wT>/2 


(3) 


and 

41f =1 + (wvs}v2) cos w(t + To/2) | 
— (v,/v9) cos w(t + TT) .. (4) 

This is the equation which applies essentially to the high-speed 

disc and moving reproducing head used in the fluctuation- 

generator described. 

In normal recording systems, however, the reproducing head 
is stationary and the velocity of the medium varies. Here, then, 
v, = 0 and eqn. (3) becomes 

SLAF = 1 + (2v]v9) sin (ws/2v9) cos w(t + To/2) (5) 


Thus there is no frequency change when ws/v9 = 0, 27, 47, etc., 
and there is a maximum change when ws/v9 = 7, 37, 5z, etc. 
The head spacing may then be arranged, in the limit, either to 
canc~l or double a particular flutter frequency, although if the 
wow is complex it is clearly best to make the spacing as nearly 
zero as possible to achieve best overall cancellation. In the 
usual description of a frequency-modulated wave an equation 
such as (5) can be regarded as expressing the instantaneous 
frequency. The form in the case of frequency flutter is 


f, =f + yf cos wt 
where the constant y is independent of /- 


(6) 


The general expression for frequency modulation is of the form 
V = Vosin 2n[ ft + (Af/w) sin wt] 
where f is the carrier frequency, w/2m is the modulation fre- 
quency, and Af is the frequency deviation. This yields, for the 
instantaneous frequency, 
f, =f + Afcos wt. ; 
Comparing eqns. (6) and (7) it can be seen that for Suuer 
Af=yf 
i.e. the deviation is proportional to the recorded frequency. It 
is this identity which prevents the simulation of wow or flutter 
in complex programme signals by means of heterodyne or 
modulation systems. All such systems yield a deviation inde- 
pendent of the frequency of the signal components. The desired 
result can be achieved, however, by a memory device, which in 
the work described takes the form of a record on a magnetic drum. 


(7) 


(12.2) Calibration of Pitch-Fluctuation Generators 


(12.2.1) The Magnetic-Disc Fluctuation Generator. 

The degree of amplitude-modulation of a signal can be 
measured without much difficulty; the assessment of frequency 
deviation, however, requires care, especially when, as in recording 
systems, a component tone of the signal may be modulated at a 
rate in excess of both the deviation and frequency of the tone 
itself. This is a condition far removed from normal frequency 
modulation practice. Fortunately, wow and flutter are, by their 
parasitic nature, phenomena such that in practical cases the 
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frequency deviations are small. Thus the notion of instan- 
taneous frequency can be usefully employed, and approximate 
information obtained on the nature of the resultant waveform. 
The calibration of the magnetic-disc fluctuation generator was 
straightforward, since speed variations could be deduced from 
measurements centred on one particular frequency. For a 
given speed change the absolute frequency change in a recorded 
tone is proportional to the frequency of the test tone, so that a 
fairly high frequency was convenient for calibration. If too high 
a frequency was adopted, however, the general system noise and 
the amplitude modulation resulting from disc eccentricity created 
difficulties. A nominal calibration frequency of 3kc/s was 
therefore chosen and any amplitude modulation present was 
removed by a simple diode limiter. The calibration was carried 
out by applying the 3 kc/s tone, in which wow or flutter had been 
introduced by the generator, to a discriminator network which 
transformed the frequency variations into amplitude variations. 
The disc fluctuation generator was not used to produce flutter 
frequencies in excess of 100c/s, so the discriminator was ‘not 
called upon to perform a linear amplitude conversion above this 
frequency. In this case a conventional phase discriminator of a 
type previously employed5 was used to advantage. Measurement 
of the rectified output of the discriminator enabled the speed 
variations of the cantilever-head system to be related to the e.m.f. 
applied to the moving-coil drive system. The flutter region 
calibrated lay between 0-5c/s and 100c/s at magnitudes up to 
1-5%, and the ratio of velocity-change to driving e.m.f. was found 
to be sensibly linear except for changes of less than 0-2% at 
frequencies below ic/s. In that region friction in the pivot 
system became an appreciable factor, but such conditions, being 
in practice below subjective threshold, were not investigated. 
The calibration procedure for impulsive or square-wave modu- 
lation of the recorded signal was exactly the same, for the flutter 
waveforms were spectrally restricted to a few hundred cycles by 
the electro-mechanical behaviour of the system, and the frequency 
response of the conventional discriminator was still adequate. 
In certain experiments the cantilever-head system was driven by a 
source of random noise, and a pen recording was taken of the 
discriminator output. The frequency deviations were, in this 
case, of a stochastic nature, and the measurements were carried 
out (and results analysed) in the manner suggested by Axon and 
Davies.5 The distribution of frequency deviations, as measured 
from the ordinates of the pen-recording, were closely described by 
a form of Poisson relationship, 
n 
ar) = 


a re—rlA 
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in which A is a constant, g(r) is the number of occurrences of a 
frequency fluctuation of magnitude r, and n is the total number of 
fluctuations recorded. The mean of this distribution has a value 
of 3A and the mode a value of 2A. Thus the probable frequency 
excursion could be related to the level of noise applied to the 
drive system. 


(12.2.2) The Electronic Flutter Generator. 


’ Tests with pure tones involved a more extreme range of 
measurement, for test-tone frequencies ranged from 50c/s to 
10kc/s, and modulation rates from 0-S5c/s to 10kc/s. Here the 
type of discriminator used for calibrating the magnetic-disc 
generator was unsuitable. Use was therefore made of a dif- 
ferentiating network having an output simply proportional to 
frequency, with linear phase-shift, so enabling a wide range of 
values to be measured without error. All practical circuits have 
a cross-over from this desirable property at some frequency, but 
this can be made to take place outside the range of significant 
sidebands. 

The sensitivity of the arrangement was unfortunately small, 
giving only a frequency/amplitude-modulation conversion factor 
of unity. The effects to be measured were of the order of 
1% and the measurement of the signals had to be accomplished 
without recourse to frequency-dependent networks. This was 
achieved by a circuit shown in skeleton form in Fig. 19(a). The 
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Fig. 19.—Discriminator circuit for higher range of flutter frequencies. 


(a) Simplified diagram. 
(6) Voltage relations. 


signal V, after passing through the differentiating network CR 
was fed to the diode N, which cut off signals below a voltage V. 
This value was adjusted, as in Fig. 19(b), to be just below the 
minimum modulated input. The output voltage Vo was thus 
modulated by a large percentage, and more easily amplified and 
measured. In view of the widely varying ratios of carrier to 
modulation frequencies that were possible, the measurement was 
conveniently carried out by means of a scale on a cathode-ray 
oscillograph, displaying Vp on a suitable time axis. Without this 
visual display there were measuring difficulties when the modula- 
tion frequency approached, or exceeded, the carrier frequency. 
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‘ 

A theoretical and experimental investigation is made into the mechanism of noise in magnetic media as 
used in magnetic recording. It is shown that the basic noise in a wow and flutter free system arises from the 
fact that the domain size in metals or the particle size of oxides is finite, and improvement in the lower limit of 
noise can only be made by reduction of particle or domain size. The effect of impressed ac and dc magnetiza- 


tion on the noise level is also examined. 


A theoretical value for the tape noise arising from the particle nature of an oxide medium has been derived 
by taking into account the modern theories of magnetism of the iron oxides and evaluating exactly the 
mathematical function /(x) which appears in the noise equation. Good agreement with the observed noise 


voltage is obtained. 


It is also shown that the basic wide-band unmagnetized tape noise level of 0.6 uv for the head employed is 
extremely low and that for the ideal system the theoretical signal/wide-band unmagnetized tape noise ratio is 
independent of tape velocity and varies as the square root of the track width. 


INTRODUCTION 


R some time various empirical rules have been 

available, by which the magnetic noise from 
powdered oxide tapes could be reduced to a tolerable 
level. With the application of the techniques of magnetic 
recording to an ever widening diversity of fields, has 
come the need to increase the information density of 
recorded signal on the magnetic media. This has resulted 
in the use of narrow recording tracks and slow tape 
speed operation. Since the most commonly used systems 
of magnetic recording are sensitive to the time rate of 
change of flux dp/di, this has necessitated a recorded 
signal output linearly varying with both velocity of tape 
transport and width of recording track. On the other 
hand, as will be shown in this paper, the basic rms white 
noise spectrum of the medium is linearly dependent on 
tape velocity and varies as the square root of the track 
width. For this reason the factors giving rise to magnetic 
noise are of great importance, and a clearer under- 
standing of the cause will at least point the way to an 
improvement in the noise level. 


EXPERIMENTAL 


The system employed in investigating the noise 
‘spectra is shown in the schematic of Fig. 1. By using two 
transformers separated by a cathode follower for the 
input stage, an equivalent input noise resistance of 620 
ohms at 100 cps was obtained. The response is sensibly 
flat from 20 to 20 000 cps. A Presto-Recording Company 
tape transport RCi1, using three separate heads for 
-erase, record, and playback, served as the recording 
unit. The narrow band amplifier was a General Radio 
wave analyzer type 736A. A 50 kcps narrow band 
amplifier, coupled into the wave analyzer, provided 
sufficient noise voltage to drive a Best thermocouple, 
operated as a square law detector. The fluctuating dc 
voltage from the square law detector was amplified, 
with a Liston-Becker model 14 dc amplifier, and fed to 
an RC integrating circuit of variable time constant. 


Because of the narrow band (approximately 6 cps wide) 
employed, time constants of up to 1 min were required. 
The integrated noise voltage was then recorded on a 
high impedance vacuum tube voltmeter. 

The advantage of using such a narrow band for 
spectrum analysis is that the smallest disturbance of the 
spectrum is entailed. One pays for this in terms of large 
integrating times, since the relative error for a single 
measurement of the noise power in a narrow band B 
made with an integrating device of time constant r is 
(2Br)-*. Narrow noise bands thus require large time 
constants. The effective band width of the system was 
measured by means of a Sylvania tungsten filament 
noise diode, type 5722. The noise spectrum from this 
diode is certainly flat down to 40 cycles and probably 
lower. 

Independent erase, bias, and recording channels were 
provided, using separate power amplifiers to drive the 
three heads. Great importance was attached to purity of 
wave form. 

At first a continuous reel of tape was run under the 
heads and the noise spectrum examined. Because of 
variations in the noise level over different parts of the 
tape, this was later displaced in favor of the closed loop 
operation of a single endless belt of tape some 4 ft long. 
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Fic. 1. Block diagram of the apparatus. 


156 


i 
Rete 
tore 
ee 
hia 
Pat 
ae 
ee, 
rane 
ba 
man: 
Ge 
Mest J 
ea We . 
Wea 
se ; o 
si 
eee 
ees 
ee 
Pa 
eee 
aa 
Pay 
A 
Nb 
Woe ee 
eee 
ones) 
a vie 
ae is 
ag Pe 
aT ne 
me 
aay 
ane, -. 
Lat al 
ey 
crite 
a. 
aes OE ee a | 
at 
FPS oi 
_ tie 
ict 
Pe 
a is . 
ah ee 
vA 
tae! 
ate : 
eT A 
Bey 
S%,: 
RAS? 
pen 
ies 
cae 
eet 
ere 
Patt 
os fay 
a 
a 
are 
ei, 
Bale 
os 
a. fe 
a 
vrs ae 
5a 
ee , 
we: 
a 
ie 
“os 
ry 
i 
ee: 
ye Pe 
Pea 
an 
ev 
E 2 j 
Seis 
iy: z : ee | ove | 
"4 x Ra TOR 
= 
oe = 
" 
i : , , ; ca 
: 
cS < 
ed 
oe 
ae . 
es ty. 
eg 
ies j 
a 
a3 
i ¥ a! S deciaiaieall 
nae, 
aa Cs 
Se 
a. ee 
is 
a 
a 
am 


NOISE IN MAGNETIC RECORDING TAPES 
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Fic. 2. Frequency response of the playback head and system 
for constant recording current of 1.3 ma. Bias held constant at 75 
kcps and 20 ma. 
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Originally, value was placed on the virgin state of the 
tape and the noise spectrum associated with it. In fact 
this noise level is meaningless—it being dependent upon 
the degree of demagnetization of the tape obtained by 
the manufacturer after exposure to grain orientation 
magnetic fields. Emphasis must therefore be placed on 
the noise level of the properly erased tape. 

Of the magnetic oxide tapes, four samples were ex- 
amined. These were the Minnesota Mining & Manu- 
facturing Company’s Type 120A and 111A, and the 
Audio Devices, Inc., Type 1861 and 1251. They were 
chosen as being representative of the iron oxide tapes 
commercially available. The noise spectra of the four 
tapes, at a tape speed of 7} in./sec, as a function of 
frequency are shown in Figs. 3(a), 3(b), 3(c), and 3(d). 
These curves include the response of the head. The 
latter is shown for constant flux on the tape, in Fig. 2. 
The noise level of the equipment plus playback head is 
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Fic. 3. (a) Frequency distribution of noise as a function of de magnetization of an Audio Devices, Inc. oxide tape No. 1861. 
(b) Frequency distribution of noise as a function of dc magnetization of an Audio Devices, Inc. oxide tape No. 1251. (c) Frequency 
distribution of noise as a function of dc magnetization of a Minnesota Mining and Manufacturing Company’s oxide tape No. 111A. 
(d) Frequency distribution of noise as a function of de magnetization of a Minnesota Mining and Manufacturing Company’s oxide 


tape No. 120A. 
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Fic. 4. Integrated wide-band noise level from various oxide 


tapes as a function of dc magnetization. Band width as defined by 
the response curve of Fig. 2. 


also shown in Fig. 3(b) for comparison, the slight 
resonant rise at 10 kcps being a consequence of the 
inductive nature of the head. The signal response was 
maintained flat by inserting a damping resistor across 
the secondary of the first transformer. 

In Fig. 3 are also shown the noise spectra for various 
states of longitudinal dc magnetization of the tape. 
This magnetization was applied by passing a dc current 
through the record head while the tape passed under the 
head. In Fig: 4 is shown the integrated wide-band noise 
(all frequencies collected by the head) for each state of 
magnetization of the four tapes. Figure 5 shows the 
signal output from the tapes for various recording head 
signal currents. The frequency of 2 kcps chosen corre- 
sponds to the peak of the response curve at 7} in. a 
second. The bias current was chosen for maximum 
output at this frequency. 

In Fig. 6 are shown the integrated noise outputs for a 
de current applied to the recording head with and 
without a 100 kcps, 20 ma bias signal present. 

In Fig. 7 we see the effect, on total integrated tape 
noise, of the application of bias currents of various fre- 
quencies and amplitudes to the record head. The noise 
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Fic. 5. Signal output level for various oxide and metal tapes as a 
function of recording current. 
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Fic. 6. Integrated wide-band noise level of an oxide tape as a 
—— of dc magnetization impressed on the tape in the presence 
of ac bias. 


spectrum obtained in the presence of a 15 kcps saturated 
signal recorded on a 120A tape is shown in Fig. 8. The 
results were obtained at two tape velocities of 73 and 
15 in./sec. 


For reasons to be discussed later we also include 
measurements taken on a sample of Vicalloy metal tape, 
and on an evaporated iron film. The evaporation was 
made on a } in. wide, 1 mil, Mylar tape. The frequency 
response for constant recording current, the noise 
spectra as a function of dc magnetization current, and 
the integrated noise outputs are shown in Figs. 8 to 14. 


THEORETICAL 
Discussion of Results 


The noise spectra of the oxide tapes in the fully 
demagnetized condition show a form which is, to a first 
approximation, that of the head response for constant 
signal flux density recorded on the tape (Fig. 2). We 
may therefore state that in the erased, fully demagnet- 
ized condition, magnetic tape noise is a white noise. A 
typical value for the integrated, wide-band, system plus 
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Fic. 7. Integrated wide-band noise level of two oxide tapes as a 
function of bias frequency and bias current. 
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NOISE IN MAGNETIC RECORDING TAPES 
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Fic. 8. Frequency distribution of noise from an oxide tape upon 
which an ac signal had been recorded almost to saturation. 


demagnetized tape noise, measured at the head, is 
0.92 uv rms. Allowing 0.69 uv rms for the integrated, 
broad band, head plus equipment noise, we have a net 
tape noise of 0.60 uv rms at 73 in./sec, with a } mil gap 
head of 22 mhenries inductance and 150 turns. The 
maximum signal (corresponding to approximately 5% 
harmonic distortion) at the head for the 120 A tape, at 
2 kcps and 73 in./sec, is 2.0 mv rms, i.e., 66 db above 
1 uv. The signal to fully demagnetized wide-band tape 
noise ratio is thus 70.3 db. In the dc saturated condition 
the wide-band tape noise rises to 18 db; and the signal 
to saturated wide-band dc tape noise ratio falls to 48 db. 


The importance of the noise level at which a given tape 
operates is thus amply demonstrated. We consider now 
the magnetic processes involved. 


Noise Level of a Randomly Distributed Set of 
Identical Magnetic Particles 


Consider the magnetic oxide tapes first; we shall 
discuss the magnetic system of such tapes more fully 
later on. For the moment let us assume, with Wooldridge' 
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Fic. 9. Frequency response of a Vicalloy metal tape for constant 
recording current. 


( A L. Wooldridge, Trans. Am. Inst. Elec. Engrs. 65, 343 
1946). 
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Fic. 10. Frequency distribution of noise from a Vicalloy metal tape 
as a function of dc magnetization. 


that the noise in the demagnetized state arises from the 
passage under the head of a series of discrete magnetic 
particles. Consider the passage under the gap, of a ring 
head, of a single elementary magnetic particle of 
magnetic moment M, of dimensions small compared to 
the gap width. The output voltage at the head will be 
proportional to the rate of change of internal flux ¢ 
along the length of the particle and the velocity V with 
which it passes, since the output voltage e is propor- 
tional to d¢/di=d/dx-dx/di=B,V, where B, is the 
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Fic. 11. Integrated wide-band noise level of a Vicalloy tape 
as a function of dc magnetization. Band width defined by the curve 
of Fig. 9. 
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surface flux density of the particle normal to the x 
direction measured at the point x. We require to find the 
frequency distribution of noise power caused by a 
series of random, small-voltage pulses. Wooldridge has 
discussed this problem and the formulation to be given 
here may be considered a more exact and extended 
treatment of the problem. 

If a small magnetic inclusion of volume » and mag- 
netic moment M passes beneath a ring head of » turns, 
the instantaneous output voltage at the head will be 


e(i)=—n-do/dt-10-* v= —KMnV-10-8 df(x) 


d(x)’ 


where K is a constant defining the amount of flux ¢ 
from the particle which actually gets collected by the 
head, V is the tape velocity and f(x)= (the flux entering 
the head at a point x along the particle)/(the maximum 
flux entering the head) =¢(x)/¢(o). 
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Fic. 12. Frequency response of an iron film evaporated on to a 
Mylar tape. 


Performing a Fourier expansion on the e(/) for one 
voltage pulse we have, 


=X Ansin(mat+on)= 5 Buctm, 


where A,,=2B,, 


1 +T/2 
B,=— 
T/2 


and where t=x/V, 


T is a period of time greater than that occupied by the 
passage of the particle beneath the head. The limits of 
the integral have been extended to infinity because we 
are dealing with a single pulse. 
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Fic. 13. Frequency distribution of noise from an evaporated iron 
for various states of dc magnetization. 


The mean square voltage developed in the frequency 
range Af by the combined effects of N such pulses 
scattered at random throughout the interval T is then 


= Eqthm=4-1/2NBgT-Af 
+o J 2 
=2N[KMn- 10-*71/7| | = ah) | 


——-e- i'd] Af 
=2M*K*n*(N/T)10“"[S(w’) F, 


where 


to J 
Slo!) = f Wem ss 


The total integrated mean square noise voltage in the 
pass band 0—/ is therefore 


Ex?=2M°K%N /T10-* f ‘Ts(w')Pa f. 
0 


Substituting for N/T=Vha/», where h=width of 
tape (track), a=thickness of the oxide layer, and 
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. Integrated wide-band noise of various evaporated iron 
as a function of dc magnetization. 
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NOISE IN MAGNETIC RECORDING TAPES 


M=I,.0, we have 


= 21 420K *n*Vhal0-LS (w’) Fd f, (1) 


Ey?= 2 a:*0K*n*V hal0- f ‘Ts Raf (2) 


All the parameters in this equation can be evaluated. 
The only term which presents some difficulty is the 
function S(w’), since its value will depend on the form 
of f(x) chosen. However, by choosing a Fourier trans- 
form it is possible to evaluate S(w’) uniquely once the 
spectral distribution of noise power has been deter- 
mined. From the curves of Fig. 3 it is seen that the 
spectral distribution of noise for the unmagnetized tape 
closely approximates to a white noise, since the fre- 
quency distribution approximates to the distribution 
obtained for a constant flux density signal recorded on 
the tape, Fig. 2. 

The equation relating output voltage to frequency for 
the ring head of gap width p is 


pHa taf) 


for the ideal head. Hence we have, for the unmagnetized 
rms tape noise voltage, 


S(w’)« E=AE. 
Now 


CO *dx. 


—2 x 


Consequently the function S(w’) and df(x)/dx consti- 
tute a Fourier transform pair, and so 
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Fic. 15. Region of influence of a ring head of gap width /. 


Now this integral is zero over all values of w’ except in 
the region 0—w,’ defined by the frequency response of 
the head, and since the sine is an odd function, the 
imaginary component integrates to zero. Hence 


df(x) AV{sin-(x—1l/2)w’ sin: (x+1/2)w’ 


dx xil (x—1/2) (x+1/2) Jo 
and, 


AVE f?sin:(x—1/2)oy 
f af (1/2) 
- > ‘| 
0 (<+1/ 2) 
AV 
= LSI (or! (e+1/2))—Si- (ai (e-Y/D)+C, 
Ti 


where the Si are the sine-integral functions of w,’(x+-1/2) 
and w,’(x—1/2) and are tabulated in the Jahnke-Emde 
tables of functions. Since f(x) is a dimensionless ratio 
ranging from 0 to 1, we can apply the boundary condi- 
tion of f(x)=1 when x=0 and f(x) =0 for x approaching 
infinity and obtain 


I(x) =[Si- @r'(@+1/2)) 
—Si- (wr (2-1/2) JL2- Si- (wy't/2)P. 


With the substitution y= —2x/l, k=w,'|/2=(2x/d,)1/2, 
we get 


S(y)=[Si-k(y+1)—Si-k(y—1) ][2-Si- (A) J. 


For the system used in these experiments the cut-off 
wavelength occurs at A,=/, the width of the gap, and so 
k=. Using this value of k, the function f(y), which is 
independent of the value assigned to the gap width /, 
has been plotted in Fig. 15 as a function of y. Actually 
the form of f(y) will vary with the depth of the mag- 
netic particle within the oxide layer, so that f(y) must 
be considered as a mean value taken over the oxide 
depth. The form of f(x) is independent of the particle 
size since the assumption is made that all particles are 
smaller than the gap width of the head. The value of 
S(w’) is thus given by 


sin(x—1/2)w’ 
sr ‘ ‘| (x—1/2) 


sin(*x+1/2)w;' 
(x+1/2) 


2-V 
-sin(w’l/2), 


where A, evaluated from the boundary conditions of 


f(z), is - 
A =a L2Siln't/2) >. 


S(w’) = 24 [2Si(wi'l/2)}° sin(w'l/2) 
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and so 


tf 
f S(w'df=4x°[2Si(wy'l/2)}? 
0 


fi 


V 
sin*(w'l/2) -—-dw’ 
2x 


af 
2(Six)? Ax 


At a velocity of 7} in./sec the value of /o/ S(w’)*df is 
thus approximately 2.5 10‘ sec~ for a 0.3-mil gap. 

Referring back to Eq. (1), the constant K is the 
amount of flux linking the head when an element of unit 
magnetic moment lies between the gap. This can be 
shown to be of order 4xM/l=4/l, where / is the gap 
width of the head. For the present head the head gap 
shim is between 0.2 and 0.25 mils, with an estimated 
effective magnetic gap width of 0.3 mils. Hence, 


K=4n/l~1.7X10' cm. 


It is possible that the head does not collect all the 
flux, and in consequence an efficiency factor could be 
introduced. The efficiency will probably lie between 60 
and 80% and will be ignored for the present purpose. 

Osmond? has shown that the oxide particles of both 
magnetite (Fe,O,) and y ferric oxide (yFe.O;) are 
markedly acicular, with length from 0.1 to 1.54 and 
length/width ratios of between 6 and 10. Taking a mean 
value of length 0.8 » and assuming the particles to be 
cylinders of length/width ratio 8, we obtain a mean 
particle volume v of approximately 10-“ cm‘. 

From the calculations of Stoner and Wohlfarth, 
Osmond has also shown that the maximum permissible 
equatorial radius } for an acicular particle of shape 
factor 10, in order that the particle shall exhibit single 
domain behavior, is 

b> 2.2X10-*D,— cm for magnetite 
and 
b>2.8X10-*D 3 cm for FeO; 


as compared with 4.35xX10-7D,-} for Fe and 1.80 
X10-*D,-} for Ni, where D, is the demagnetization 
coefficient along the polar axis. For a particle of shape 
factor 10, D,=0.02 in the polar direction. Therefore, for 
magnetite, b}>0.16 u, and the corresponding maximum 
permissible length is 3.24. For Fe,O; the maximum 
permissible length is 4.0 u. The particles used in oxide 
tape manufacture are therefore well below the upper 
limit of size for single domain behavior. We can conclude 
that the particles are single domains and that, as 
Osmond points out, the single domain theory can 
account for the relative values of intrinsic coercivity of 
oxide tapes coated with different powder forms, of the 
same oxide, in terms of shape anisotropy alone. For a 
single magnetic particle of magnetic moment M=vIo, 

2'W. P. Osmond, Proc. Phys. Soc. (London) B65, 121 (1952). 


3 E. C. Stoner and E. P. Wohlfarth, Trans. Roy. Soc. (London) 
A240, 599 (1948). 


the Jo=400 in the case of pure yFeO; or 480 for pure 
Fe;0,. According to Osmond‘ it appears that the 
chemical preparation of magnetite and FeO; is analo- 
gous to the transformation diaspore (aAl0-OH)— 
corundum (a-Al,0O;). The dehydration of the mono- 
hydrate aFeO-OH to a-Fe:O3;, followed by the reduc- 
tion of aFe,O; to magnetite Fe;0,, and subsequent 
re-oxidation of Fes0, to yFe,O; involves no change 
in the basic structure. Reduction of the aFe;O, to mag- 
netite will lead to particles of similar close-packed layers 
of oxygen of cubic stacking, the c axis of the rhombo- 
hedral structure becoming the cubic solid diagonal, 
which is the direction of easy magnetization in both 
magnetite and in the yFe,O; produced from it by oxi- 
dation, without change of basic structure. Magnetic 
oxide particles elongated along the direction of easy 
magnetization are thus obtained. 

Furthermore, Osmond states that from x-ray analysis 
each particle behaves as a single crystal, while optically 
the particle behaves as two sets of crystallites with their 
twofold axes directed in opposite senses. From this can 
be drawn the conclusion that each iron-oxide particle 
must be considered as consisting of a collection of 
crystallites, all having their (111) cubic direction of easy 
magnetization aligned in the same sense, probably along 
the long dimension of the particle. Owing to cohesion of. 
the particle as a whole this collection of crystallites will 
behave magnetically like one single domain ferromag- 
netic body, except that the small spaces between the 
individual crystallites, caused initially by loss of oxygen 
during chemical changes, will act as cavities in an 
otherwise solid ferromagnetic particle which is too small 
for the spaces to be Bloch boundaries. The result of this 
then is to leave the single domain nature of the particle 
unimpaired and effectively to reduce the value of Isat to 
p-AVol.Io where p is the fraction of the total reduction 
in volume AVol. which appears as cavities. 

For yFe,0; AVol.=0.235 and p=1 (approx). Hence 
Teat=0.235X400=90. For magnetite AVol.=0.314, 
p=1; hence, Jsa=0.314X480=150. The measured 
intrinsic coercivity of the oxide tapes was always around 
250 oersteds, hence we may assume the oxides are 
vFe.03 and take Isat as 90. 

Substituting the values obtained above for the 
parameters previously defined 


v=10-" cm’, K=1.7X10‘ cm™, 

‘ n=150, Isa=90, for yFe.0s 
f S(f)*df=2.5X10‘ sec, 

0 


V=7.5 in./sec, h=j}in., a=0.6 mil 
we have 


f 
Ey?=2K%°D ou:2010-*V ha f s(nf 
=7.2X10-" v2, ’ 


En=8 pv rms. 
4W. P. Osmond, Proc. Phys. Soc. (London) B66, 272 (1953). 
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NOISE IN MAGNETIC RECORDING TAPES 


The usual observed wide-band tape noise in the 
saturated dc magnetized condition is 6uv rms at 7} 
in./sec. The agreement between experiment and theory 
is therefore reasonable. Better agreement could proba- 
bly be obtained by a more careful examination of the K 
value and the efficiency factor. Some doubt also exists 
as to the correct value for Js. It will most probably lie 
between the limits of 90 and 150 for yFe.0; and 
magnetite, depending on the oxides used. 

For the unmagnetized oxide tape the observed wide- 
band rms tape noise is about 0.6 uv at 7} in./sec. How- 
ever, it is here that shape anisotropy comes into effect. 
The random orientation of the domain vector within 
each particle (usually grain orientated) causes a reduc- 
tion in the mean Ja: of an equivalent system of identical 
particles. In consequence we have a noise voltage 
dependence on the mean J,.: of the tape. In fact, the 
value of 8 uv rms derived above for a tape speed of 
7} in./sec. and a 0.3 mil effective gap is only appropriate 
to a system of identical particles, all with the same Jat, 
and all magnetized in the same direction. It therefore 
corresponds to a saturated tape of space oriented 
identical particles and may be considered as the upper 
limit of magnetic noise. 

Since Eq. (1) does not contain the frequency, the tape 
noise should be white for all levels of dc magnetization. 
However, only the demagnetized tape really exhibits 
white noise, since other effects come into play when a dc 
magnetization is imposed on the tape. The white noise 
arising from the discrete particle nature of the medium 
will follow a dc magnetization dependence of the same 
form as the J,. dependence on the shape anisotropy of 
the particles. Superimposed on this will be any mutual 
interaction effects which occur between adjacent 
particles. 

Cancellation of fields, etc., will depend on the direc- 
tion of magnetization of each particle although, ac- 
cording to Osmond‘ and Weil, the volume concentration 
of spaces between oxide particles in the tape coating has 


(a) Virgin tape 


(b) Worn tape 


Fic. 16. Clumping of oxide particles made visible by wear of the 
tape surface. The worn tape clearly shows the oxide clumps 
beneath the surface which are not apparent in the virgin tape. 
These clumps contribute towards the low-frequency noise com- 
ponents associated with dc magnetization of the tape. 


5 L. Weil, J. phys. radium 12, 437 (1951). 


no effect on the measured coercive force of the tape, 
after allowing for density variation. The powder packing 
effect is therefore unimportant and the demagnetizing 
effect of one particle upon another appears negligible. 
However, since the flux through the gap will depend on 
the direction of orientation of each particle passing 
under the gap at the same moment, cancellation of flux 
will take place and so there will be a decrease of net flux 
as the orientations of the magnetic vectors of the indi- 
vidual particles become more random. In the demag- 
netized state therefore the total integrated magnetic 
noise will be less than that associated with shape 
anisotropy alone. 

The increase of noise with applied dc magnetization is 
shown in Fig. 3. It is difficult to correlate this with the 
approach to saturation magnetization of a system of 
single particles, whose magnetization depends only on 
shape anisotropy, because of the variation in both shape 
factor and spatial orientation of each particle. 

The frequency dependence for various states of dc 
magnetization shown in Fig. 3 illustrates the effective 
white noise spectrum obtained in the demagnetized 
condition. As the dc magnetization is increased the 
magnitude of the noise increases according to the shape 
anisotropy, and excessive low frequency components 
appear. The latter are a result of the inhomogeneous 
mixing of the oxide dispersion in the binder. Clumping 
of the oxide particles leads to areas of relatively intense 
magnetic moment, which give a large pulse with a 
fundamental] Fourier component in the region of 100 cps 
at 73 in./sec (A=75 mil). The presence of these clumps 
can be seen in the photograph of Fig. 16. Their frequency 
of occurrence is high and leads to a well-developed peak 
in the low-frequency end of the spectrum. 

It should be possible to eliminate this by use of a more 
uniform dispersion of oxide. A sample of Vicalloy metal 
and an evaporated iron film were therefore prepared 
with a view to eliminating this low frequency peak. The 
results are shown in Figs. 9 to 14. In both cases the 
demagnetized noise results from the finite domain size » 
and leads to an almost white noise spectrum. The 
presence of a dc field causes the domain size to increase 
as magnetization takes place by domain growth, and 
the noise level increases. Moreover, the domain growth 
does not proceed uniformly but results in the formation 
of large domain clusters® with a characteristic low- 
frequency noise component. In all cases therefore the 
low-frequency noise peak is obtained as the dc mag- 
netization is increased. 

The effect of variation in the cross section of magnetic 
material is well illustrated with the Vicalloy specimen. 
The photographs of Fig. 17 are powder patterns before 
and after dc magnetization. The appearance of the 
regular wave form in the magnetized state arises from a 
periodic irregularity in the cross section of the tape, 


®R. M. Bozorth, Ferromagnetism (D. Van Nostrand Company, 
Inc., New York, 1951). 
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produced in the manufacturing process. The mean 

wavelength observed on the tape is 45 mils. From the 

noise curve in the magnetized state (Fig. 10) it is seen 

neat a low-frequency peak occurs at about this wave- 
gth. 


Velocity Dependence of Noise 
It has been shown that the mean square voltage 


arising from a system of identical magnetic particles is 
given by 


En?=21 sa?K*n?V Avi0-* f “Es (w’) Paf, 
0 


where 
to 
S(@’) = f ” seiw’t.dx 


=2n[2-Si- (w;'l/2)}° sin(w'l/2). 
Therefore, 


f “Ts Faf=V f * g0)an 
and 


ML 
Ey?=2K%1?V?A0I a21 0 f o(A)dr. 
0 


The integral is dependent only on the geometry of the 
head and so the rms integrated noise voltage should be 
proportional to the tape velocity. Since the rms signal 
voltage is also proportional to the tape velocity, the 
signal to integrated noise ratio should be independent of 
velocity. 

The observed ratio of integrated rms noise voltages 
for the two speeds available at 7/12 and 15 in./sec 
varied between 1.2 and 1.4 for the four oxide tapes 
examined. According to Curtis’ the integrated noise 
voltage for a plastic based oxide coated tape decreases 
below 4 in./sec and is constant from 4 to 15 in./sec tape 
velocity. The band width of his amplifiers is not given, 
however, and it is suspected that the constancy of the 
noise voltage about 4 in./sec (head cutoff, 4 kcps at 4 
in./sec, \1, =1 mil) is due to the narrow band nature of 
these amplifiers. 

Actually the ratio of noise powers observed should be 
proportional to the areas beneath the noise power fre- 
quency response curves of the head for the two speeds 
considered. In the present work the ratio of the areas 
under the power response curve for constant signal 
current, for two operating speeds, varied with operating 
conditions, values between 3 and 4.7 being obtained. 
Since the noise spectra only approximates to the con- 
stant current response, the value of 1.4 for the rms 
voltage ratio may be considered as reasonable. 


7R. C. Curtis, Electronics 26, 216 (July, 1953). 


(b) Magnetized tape 


Fic. 17. Magnetic powder patterns on a Vicalloy tape (a) before 
and (b) after dc magnetization. The magnetized tape (b) shows a 
periodic imperfection produced in the manufacturing process 
which appears as a signal on the tape when subjected to dc 
magnetization. The wavelength of the imperfection corresponds to 
a peak in the dc magnetized noise spectrum of Fig. 10. 


The linear dependence of noise rms voltages on speed 
is only applicable for noise spectra of the form 
E=AV/l-sin-xlf/V. In practice there will be eddy 
current losses, thickness of the medium, spacing be- 
tween head and tape at the various speeds, etc., to be 
taken into account, all of which will tend to reduce the 
ratio of noise voltages actually observed. 

For the ideal system then, the signal to noise ratio is 
independent of the tape velocity and slow speed opera- 
tion of the tape is limited only by the wavelength 
response of the head, and by the system noise. Some 
limitation may also be imposed by the amplifier system 
following the head. Increase in information density can 
therefore be obtained by reducing the tape transport 
velocity within the limits imposed by the required 
frequency response (head and amplifier design) and 
amplifier system noise. 

Reduction of the track width as a means of increasing 
information density is limited by the fact that the 
signal/wide-band tape noise varies as the square root of 
the track width. 


Improvement of the Noise Level 


Equation (2) indicates that a lowering of the noise 
level can be achieved by decreasing the particle size 
volume v. The shape factor should be made as high as 
possible for a given » in order to prevent the lowering of 
the saturated magnetization, with consequent reduction 
of recorded signal intensity on the tape. By this means 
the signal to noise level can be improved. 

Grain orientation of the particles increases the 
saturated intensity of magnetization of the recorded 
signal. At the same time, the dc saturated noise level 
will also be increased by the effective J,.: term of Eq. (2), 
since, when grain oriented, all particles will have the 
same Ig: for a given direction of magnetization. Reduc- 
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NOISE IN MAGNETIC RECORDING TAPES 


q q 1 1 1 
MOISE LEVEL OF TAPE AS A FUNCTION OF 


ASYMMETRY OF 40Kers ERASE SIGNAL 
(from jw GRATIAN, 1949) 


EFFECTIVE NOISE LEVEL AT HEAD Ow 


system noise 


-t 3 
ASYMMETRY (%) lof erose signal) 


Fic. 18. Noise level of a tape sample (XTI401) as a function of 
asymmetry of a 40 kcps erase (after J. W. Gratian, 1949). 


tion of the particle volume » will also have the effect of 
increasing the coercivity. Some compromise may there- 
fore be necessary. 


Operating Conditions and Their Effect upon the 
Magnetic Noise Level 


It has been demonstrated that the rapid rise of noise 
from the tape with applied dc magnetic field arises from 
the alignment of the magnetic moment of each particle, 
the magnitude of the noise being dependent on the 
direction of magnetization and the shape anisotropy of 
the particles. 

The presence of a recorded signal on the tape implies 
that each element of the tape has a dc component of 
magnetization impressed upon it. The noise associated 
with each element will therefore be increased in ac- 
cordance with the dc magnetization curve of Fig. 4, 
while the total integrated wide-band noise associated 
with any recorded ac signal will correspond to the mean 
absolute value of the dc field effectively impressed on 
the tape. The latter will depend on the frequency and 
amplitude of the recorded signal. 

The spectral noise response of a tape upon which a 15 
kcps signal had been recorded almost to saturation is 
shown in Fig. 8. The response is very similar to that 
obtained from the dc magnetization curves of Fig. 3. 


Such noise obtained in the presence of an ac signal is 
usually referred to as “modulation noise.” It is, how- 
ever, merely the equivalent dc magnetization noise and 
may be as much as 20 db above the demagnetized tape 
noise. 

The presence or absence of a bias signal will not 
appreciably affect the operating noise level. This is 
illustrated in Fig. 7. Here is shown the value of the 
integrated noise output as a function of bias frequency 
for constant current and bias current for constant 
frequency. 

The noise level is practically constant under all con- 
ditions. The rise in the curve as the bias frequency falls 
below some 30 keps is a result of the bias signal being 
recorded on the tape. There is thus a corresponding 
mean dc magnetization of the tape and the noise level 
rises accordingly. Similar results are obtained with the 
erase head. We can state then that above a lower limit 
of frequency (depending on the tape velocity) bias and 
erase currents of any magnitude do not increase the 
noise level of the tape. 

The above is only true, however, for perfectly sym- 
metrical bias and erase current waveforms. This point 
has been examined by J. W. Gratian* although the 
interpretation of some of his results is given in terms of a 
frequency modulation of the recorded signal. The curve 
of Fig. 18 is reproduced from his paper and shows the 
effect of asymmetry of a 40-kcps erase signal on the 
effective noise level of the tape. The asymmetry causes 
an effective dc magnetization to be impressed on the 
tape, resulting in an increased noise level corresponding 
to a point on the dc magnetization noise curve of Fig. 6. 

With pure wave forms, the operating point of bias and 
erase current and frequency can be chosen entirely from 
the point of view of signal response and amplitude. No 
consideration need be paid to the noise aspect. 


SUMMARY 


To summarize, we can say that in systems in which 
wow and flutter, friction between tape and heads, and 
chatter between tape and head are at a minimum, and 
for tapes which possess a uniform cross-sectional area of 
magnetic material, i.e., smooth upper and lower sur- 
faces, the magnetic noise arises entirely from the 
discrete nature of magnetism. In other words, the do- 
main size in metals or the particle size of oxides is finite, 
and improvement in the lower limit of noise can only be 
made by reducing the particle size. 

A theoretical value for the tape noise arising from the 
particle nature of the oxide medium has been derived by 
taking into account the modern theories of magnetism 
of the iron oxides and by evaluating exactly the mathe- 
matical function f(x) which appears in the noise equa- 
tion. Good agreement with the observed noise voltages 
is obtained. 


8 J. W. Gratian, J. Acoust. Soc. Am. 21, 74 (1949). 
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It is shown that the basic wide-band unmagnetized 
tape noise level of 0.6 uv rms for the present head (at a 
speed of 7} in./sec) is already extremely low, and that 
for the ideal system the signal/wide-band unmagnetized 
tape noise is independent of tape velocity. The signal/ 
noise ratio is in fact determined by the signal volt- 
age/system noise. The system noise is constant and is 
usually of the order of 2 uv rms in the best of cases, for a 
10-kcps band width. Hence the necessity of running the 
tape at a relatively fast speed because of the velocity 
dependence of the signal voltage. 
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SUMMARY 


The paper sets out an analysis, in terms of geometrical optics, of 
he Buchmann-Meyer, or light, pattern which is formed by reflection 
Brom the modulated grooves of a recorded tone-disc. The pattern is 
onsidered as lying in the focal plane of the circular groove walls and 
ot on the disc surface, as is usually assumed. A new apparatus for 
easuring the width of the patterns is described and the errors in 
disc-surface and focal-plane measurements found when using it are 
compared. The latter results are shown to possess the higher degree of 
consistency and their correctness is confirmed by an examination of the 
pattern formation in terms of physical optics. The origin of two sets 
of interference fringes which are visible in the patterns is also described. 
The decrease of luminous intensity which occurs at the edge of the 
patterns is then computed and it is shown that the new method of 
measurement described should give a higher degree of accuracy than 
hitherto available, even under some practical conditions when the 
edge of the pattern is not sharply defined. 


LIST OF PRINCIPAL SYMBOLS 
¢ = Maximum modulation slope in the plane of the opticat 
normal. 
¢’ = Maximum modulation slope in the plane of the modu- 
lation. 
6 = Half the groove angle. 
a = Half-width of the light source. 
A = Effective half-aperture of the viewing device. 
6; = Half-width of far-side pattern. 
b,, = Half-width of near-side pattern. 
d = Distance from light source to disc. 
d’ = Distance from viewing device to disc. 
m = Amplitude of modulation in the plane of the optical 
normal. 
m’ = Amplitude of modulation in the plane of the modulation. 
n = Rotation speed of the disc when recorded, r.p.s. 
p = Axial distance from focal plane to disc surface. 
r = Groove radius. 
v = Recorded velocity, i.e. velocity of recording stylus. 


(1) INTRODUCTION 

In the organization of sound-recording services there is always 
a need for practical standards and means of ensuring that 
recordings conform to these standards. Recordings may be made 
or reproduced on a variety of machines and may be exchanged 
between various organizations. In all these cases agreed stan- 
dards of procedure and technical performance are necessary to 
achieve results of acceptable fidelity. Some standards, such as 
the dimensions of discs and the speed of turntables, present no 
problems of measurement, but others, notably the recording 
characteristics of both disc and magnetic records, involve diffi- 
cult methods of measurement which are still not perfected. In 
the disc system the recording characteristic is defined as the 
curve obtained when recorded velocity is plotted against recorded 
frequency. This characteristic, in conjunction with the par- 


Written contributions on papers published without being read at meetings are 
invited for consideration with a view to publication. S " 
Dr. Axon and Mr. Geddes are with the British Broadcasting Corporation. 


ticular reproducing chain used, determines the overall frequency 
characteristic of the reproduced record. An optical method of 
measuring the recorded velocity, independently of pick-ups, was 
first suggested by Buchmann and Meyer! in 1930. Such an 
absolute method of measurement is one solution to the dilemma 
which otherwise arises, in that calibration of the reproducing 
chain is impossible before calibration of the recording chain, 
and vice-versa. 

In the conventional Buchmann—Meyer method a rotating disc is 
illuminated by a light source, so that the recorded grooves form 
bands of light by reflection. The width of the pattern created by 
a given recorded tone is independent of frequency and is a 
measure of its peak modulation velocity. This width is measured 
by means of a telescope focused on the disc surface. The 
telescope is equipped with a graticule, or micrometer eyepiece, 
with which the observer may measure the pattern width. The 
measurement is not easy, for the patterns from higher frequencies 
are very diffuse at the edges, and deviations from flatness in the 
disc surface, or a small eccentricity of the grooves about the 
centre pin, can cause the pattern to oscillate horizontally. In 
addition, as shown in Section 6, the focusing of the telescope 
upon the disc surface can lead to a fundamental error. In the 
ideal case the disc is illuminated with light parallel to the axis 
and parallel reflected light is observed in the telescope. To 
approach this condition it is usual to remove both light source 
and telescope some distance from the disc and this leads to a loss 
of intensity in the pattern and to a lack of compactness in the 
apparatus as a whole. 

The paper describes a new system for measuring the light 
patterns from a recorded tone-disc and investigates the possi- 
bility of calibration errors arising from the optical methods 
described here and elsewhere. 


(2) THE FORMATION OF LIGHT PATTERNS 
A typical condition for the observation of light patterns is 
shown in Fig. 1, which represents a vertical section through an 


Far side 


Near side 
Fig. 1.—Vertical section through an illuminated disc. 


inclined recorded disc. The outer walls of the groove at A, 
which are vertical, reflect light back along the incident path from. 
a distant light source in the plane of the diagram. When the 
recording consists of successive bands of pure tone, separated by 
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Fig. 2.—Light pattern from a tone disc. 


unmodulated grooves, and the dise is rotated, the observed 
pattern is of the form shown in Fig. 2. The bands of light 
created by the recorded grooves are joined by thin luminous 
filaments formed by reflection from the unmodulated grooves 
of the disc. 

It can be shown that the width of the light pattern produced 
by each band of tone is independent of frequency and is a measure 
of its peak modulation velocity. Fig. 2 shows, however, that at 
higher frequencies the edges of the patterns become increasingly 
indeterminate and interference fringes are observed in the form 
of coloured vertical striations. Similar patterns are observed if 
light falls on the near side of the disc, where the inner walls of the 
grooves are vertical. 

Patterns are formed by the outer walls of the grooves on the 
side of the disc remote from the observer, while patterns are 
formed by the inner walls of the grooves on that side of the disc 
nearer to the observer. It is conventional to refer to the two 
patterns respectively as far-side and near-side patterns. 

For a disc placed as shown in Fig. 1 the small vertical portion 
of each unmodulated groove may be regarded as a cylindrical 
mirror which is concave or convex according to whether the far 
or near side is being viewed. The solid lines in Fig. 3 show an 
unmodulated groove forming an image of the light source at Po. 
When the groove is sinusoidally modulated, however, the 
reflecting wall makes a varying angle with the incident light and 
the unmodulated groove, so that a series of reflections take place 
to form a luminous band. The limiting width of the band is 
defined by those parts of the modulated groove which make the 
largest angle with the unmodulated groove. These are the two 
short regions of maximum modulation velocity which occur 
within each wavelength of modulation, and which make small 
angles +¢ respectively with the unmodulated groove, as shown in 


Fig. 3.—Formation of a pattern by one circular groove. 


Fig. 3. The angle ¢ depends, as shown in Section 3, on the ratio 
between the peak transverse stylus velocity and the groove speed. 
The light pencils reflected from these regions meet at points P, 
and P% respectively in the same transverse plane as Po, but 
displaced from it by a distance of 2p¢, where p is the 
distance of Py from the groove. Regions of modulation slope 


less than ¢ form images of the light source at all points between 
these two extremes. Thus a luminous band is formed, the width 
of which depends upon the distance p, the angular width (at the 
disc) of the light source, and the peak modulation slope, ¢. 


Usually, ¢ is sufficiently small to be sensibly equal to its 
sine and tangent, and this condition is assumed to hold in all 
the analyses set out here. The concave and convex reflecting 
surfaces are also assumed to obey precisely the simple laws 
of spherical mirrors. When very high velocities are recorded, 
however, especially at iow turntable speed, the half-widths of the 
light patterns become comparable with the groove radius and 
more complicated equations must be used. 


(3) DETERMINATION OF PATTERN WIDTH 

An equation will now be derived which gives the relationship 
between the half-width of the pattern and the peak stylus velocity 
under given viewing conditions. If the light source, distant d 
from the disc, is infinitely narrow, the half-width of the far-side 
pattern is 2¢p. For a source of finite width, however, this is 
increased by an amount equal to the half-width of the image of 
the source in the cylindrical mirror. A source of half-width a 
gives ah increase ap/d where p/d is the magnification factor of 
the mirror. In practice, therefore, the half-width, b,, of the | 
far-side pattern is given by 


b= 2¢p+apld . .... Gl) 


If r is the radius of the groove on the disc and @ the inclination of 
the disc to the horizontal, then r/cos @ is the effective radius of 
curvature of the groove wall and r/2 cos @ is its focal length. 
The usual formula for a spherical mirror, or the normal plane of 
a cylindrical mirror, then gives for p 


whence = (Qdcos 0 — 1) 
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THE CALIBRATION OF DISC RECORDINGS BY LIGHT-PATTERN MEASUREMENTS 


From eqn. (1), b= (6 + Morey 


r e = ry @ 
$4 = 41-55 a) - sen 
The quantity b = ¢rjcos@ is the half-width to which both 


patterns tend as the light source approaches infinity while its 
half-width remains finite. Thus 


or 


4 a 
b= (1 — zen0a) ~ 2eos@d° 
and a similar derivation gives 5 in terms of the half-width, b,, of 
the near-side pattern as 


a 
b= (1+ 55 noha — senna" 


The angle ¢ must now be related to the peak velocity of the 
recording stylus. 

The angle between the optical normal and the disc surface is 
equal to @, half the groove-angle, and Fig. 4(a) shows that for 
lateral recordings the modulation amplitude, m, observed along 


(2a) 


(26) 


(a) 
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tion amplitude m’, Fig. 4(6) shows that m = m’ sin @, so that 
¢ = ¢’ sin 0, where ¢’ is now the maximum modulation slope in 
a plane normal to the disc. Therefore 


ee. Sa er 
eo Fan 1209 


meg = ambJ/2ornd ... . 


In either case, ratty if b, or 6,,, relating to a band of tone on 
the disc, is measured by means of an optical system of known 
constants, the quantity 6, which gives the r.m.s. velocity on the 
disc, can be established. 

Examination of eqns. (2a) and (25) shows that the near-side 
pattern is always narrower than the corresponding far-side 
pattern by an amount which increases with groove radius and 
with the proximity of the light source. The width of the pattern 
given by unmodulated grooves (for which b = 0) is governed 
primarily by the angular width of the light source. 


(4) FOCAL-PLANE AND DISC-SURFACE PATTERNS 
The derivation of eqns. (2a) and (25) is quite different from 
that given in previous analyses, in which the image patterns have 


Fig. 4.—Construction to determine the relation between m and m’. 


(@) Lateral recording. 


the optical normal, is related to the amplitude, m’, parallel to 
the disc surface by the equation m = m’ cos @. Since the maxi- 
mum slope of a sine wave is proportional to its amplitude, the 
angle ¢, representing the maximum angular modulation observed 
in the plane of the optical normal, is similarly related to the 
corresponding quantity ¢’ observed in the plane of the disc by 
the equation ¢ = ¢’ cos 8. 
rh 


Therefore b= 


But 


¢’ = tan ¢’ = 0/2arn 


where % is the peak stylus-velocity and the disc makes m revo- 
lutions per second during recording. 


a 


v 
b = 5 OF ms = TIMby/2 . ee ae 


Eqns. (2a) and (25) may also be applied to vertical (hill-and- 
dale) recordings if the relationship between 6 and modulation 
velocity is suitably modified. For a vertical recording of modula- 


Thus (3a) 


(6) Vertical recording. 


always been regarded as lying on the surface of the disc. In those 
analyses the half-width.of the pattern is defined as the maximum 
distance from the axis of symmetry at which the modulation and 
curvature of the groove can combine to produce reflecting ele- 
ments which are correctly orientated to reflect light from the 
source into the viewing arrangement. A rigorous treatment of 
this type has been given by Hornbostel,” who derives an equation 
which reduces to a simplified form if the vertical angle included 
between incident and reflected pencils is small and if the half- 
width of the pattern is small compared with the radius of the 
groove. This simplified equation, which may, in fact, be derived 
without recourse to three-dimensional geometry, has the form 


r 1 1 r v.& 
ai oy|1 = Sonat *)| cs Tontat 7) - 
for far-side conditions, while the half-width observed under 
near-side conditions is given by the equation 


b= esita)] scat) 
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It will be seen that eqns. (2) and (4) are similar in form, the 
‘observed half-widths in each approaching 5b for extreme con- 
ditions. However, eqn. (2) involves the position and width of the 
light source only, whilst eqn. (4) involves also similar constants 
of the viewing aperture. Both formulae are derived from simple 
Zeometrical optics, so that it would at first sight appear to be a 
matter of convenience whether the pattern is viewed in the focal 
plane or on the surface of the disc, provided that the appropriate 
equation is used. 

The extent of the reflecting regions, however, is too small to 
allow the use of geometrically derived equations without a con- 
sideration of possible diffraction effects.. Such a consideration, 
as shown in Section 5, shows eqn. (2) to be valid, but when it is 
applied to observations on the surface of the disc (Section 6) 
there are indications that inaccuracies are to be expected. It 
is, in fact, a consistent error in results obtained by the use of 
eqn. (4) that has caused its validity to be questioned. 

The interference fringes visible in Fig. 2 have been investigated 
in some detai!, and an account of their appearance and formation 
is given in Appendix 13. Their existence is of no practical use, 
but the location of the fringes in the focal plane of the disc 
suggested the possibility of measuring the pattern itself in that 
plane, and the construction used in their investigation was found 
to justify the use of eqn. (2). 


(5) VALIDITY OF OBSERVATION IN THE FOCAL PLANE 
(5.1) Qualitative Consideration 

Measurements in the focal plane entail the use of eqn. (2), 
which has been derived by geometrical optics. The dimensions 
of the reflecting surfaces on the disc are, however, very small, and 
this geometrical derivation must therefore be justified. The 
analysis which follows will show, using considerations of physical 
optics, that the variation in intensity across the focal plane is 
such as to give the subjective impression of an edge to the pattern 
at the point P, (previously defined) and this justifies the simple 
geometrical analysis. In Fig. 5 the arc RR’ is a hypothetical 


& 


ee 


Fig. 5.—Construction illustrating path differences between the pattern 
edge in the focal plane and various parts of a modulated groove. 


section of the unmodulated groove turned through an angle ¢, 
equal to the maximum modulation slope of the actual groove 
and touching the groove at its point of inflection S. Now the 
theoretical edge-point of the pattern, P,, is an image point for 
the arc RR’, i.e. if the arc RR’ were a reflecting surface it would 
form a focus at P, and so disturbances reflected from all points 
on the arc would arrive at P, in phase. The reflections from 
points on the actual groove around S will arrive at P, with 
Telative phases, however, depending on the separation of the 
points from RR’. Reflection from a point for which this separa- 
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tion is § involves an optical path which exceeds that of reflections 
from S by a distance 25 and the resultant intensity at P, may be 
expressed as the resultant of a vector polygon in which the 
elements represent, in phase and magnitude, the disturbances 
reflected from different points along the groove. Since the path 
difference 25 (and therefore the phase) varies continuously along 
the reflecting surface, the elements of the polygon may be made 
infinite in number and infinitesimal in extent, so that the diagram 
becomes a smooth curve of the approximate form shown in 
Fig. 6(a). Regions at any distance along the curve from S’ in 


s' 


Fig. 6.—Vector diagrams illustrating the occurrence of intensity 
variations near the pattern edge; focal-plane viewing. 


this Figure represent regions at a proportional distance along the 
groove from S in Fig. 5. As a sine wave is nearly linear around 
its point of inflection, the modulated groove near S is of almost 
the same curvature as the unmodulated groove, and so is nearly 
coincident with RR’. For points further from S the distance 6 
increases rapidly. The curvature of the vector diagram is in the 
same sense throughout, since 5 is positive to ore side of S and 
negative to the other. Consider now a point P,4, g) On the focal 
plane slightly beyond P,. Then an arc centred on Pi6.g) cuts 
the modulated groove at S at an angle f and the resultant for the 
whole wavelength of modulation is reduced, as illustrated in 
Fig. 6(5). For a point Pos 4.8) Nearer to the axis than P,, the 
curvature due to the angle 8 will be reversed in sign. It will 
therefore tend to oppose the curvature shown in Fig. 6(a), and, 
as in Fig. 6(c), for some small negative value of 8 there will 
be a maximum resultant. Further increase of f in this direction 
will again reduce the resultant. 


(5.2) Evaluation of Intensity Variation at the Pattern Edge 


To translate the qualitative account into a quantitative 
analysis it is necessary to formulate, for each value of 8, the 
variation of 5 along the extent of a wavelength of modulation 
and hence, by integration, derive the resultant illumination at 
P.s1.¢)- The relationship between 8 and the phase « of the 
modulation (reckoned from the point of inflection) can be seen 
from Fig. 7, which is drawn for a positive value of 8 and a groove 
amplitude m. The constant curvature of the groove has been 
reduced to zero, as this curvature is common to RR’ (Fig. 5) 
and the modulated groove and does not affect the value of 6 to 
a first order. It will be seen that the distance 5 is given by the 
equation 


8 = m| (1 +8) x — sina cos +B 


The amplitude of the resultant illumination (the square root of 
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THE CALIBRATION OF DISC RECORDINGS BY LIGHT-PATTERN MEASUREMENTS 


Fig. 7.—Construction to determine the relation between light-path difference and modulation phase. 


the intensity) at P48) due to reflection from a wavelength of 
modulation is therefore proportional to 


[= (2728/A)da = [s cos x|(1 + A) — sin x |e 


where X = (4mm|A) cos (¢ + f) 


Now if X(1 + B/d) is denoted by yp, it can be shown that 
when X and yp are both integers the above integral reduces to 
27J,,(X) where J,,(X) is the Bessel function of the first kind, of 
order x and argument X. In the investigation of intensity 
variation near the calculated edge of the pattern only the few 
integral values of ~ near to X are of interest. Tables? of the 
functions J ,(X) and Jy_ ,(X) exist for a number of values of X 
and the value of the function for other values of can then be 
derived from the recurrence formula 


27 IX) = Fug 100 + Ina) 


Thus for any value of m which leads to an integral value of X 
it is possible to find values of the illumination for integral values 
of yu near to and equal to X, i.e. for a number of small positive 
and negative values of f. 

The results of this calculation for a number of typical recorded 
amplitudes are shown in Fig. 8. The ordinate is the intensity of 
illumination, expressed in decibels below the maximum which 
occurs for a small negative value of 8. The abscissa is the ratio 
(1 + B/d): 1, also expressed in decibels, since this represents 
the approximate error in recorded velocity which would result 
from measuring the edge of the pattern as occurring at the 
corresponding value of 8. The recorded amplitudes for which 
the four curves are drawn correspond to the typical frequencies 
and velocities stated in the Figure. The wavelength of the 
incident light is taken as 5 x 10-5 cm and the nearest tabulated 
values of X to the actual values are given. 

These curves are in agreement with the common experimental 
observation that, when recording with normal velocities, the 
edge of the pattern is sharp for low-frequency bands but becomes 
progressively more diffuse for high-frequency bands. 

It is reasonable to assume that in any method of measurement 
the observed edge of the pattern will lie between the point of 
maximum intensity and the point at which the intensity is, say, 
10 db below its maximum value. It will be seen that this region 


Distance from pattern centre in terms of theoretical 
edge-peint distance 
0°80 0°85 090 095 10 105 10 115 


T 


Theoretical _ || 
edge-point 


Intensity of illumination, db below maximum 


44 1 iL i i 4 i i 1 
20-18 -14 -t0 -06 -02 0402 +06 +10 +14 
Indicated recorded velocity, db relative to theoretical value 


8.—Variation of intensity of illumination near the theoretical 
edge-point of the pattern; focal-plane viewing. 


Xx Nearest tabulated 


R.M.S. velocity value of X 


Frequency 


kc/s 
10 
10 6 


i 0 
0-05 —14 


db above 2 cm/sec 


has a total width of less than 0-5 db for frequencies below 
1 kc/s, and that the calculated edge-point lies towards the centre 
of this region even for the diffuse high-frequency patterns. In 
the method of measurement described in Section 7, two laterally 
separated images of the pattern are brought towards each other 
until their opposite edges just meet, and the separation of the 
image centres is then taken as a measure of their width. In these 
conditions the most likely adjustment to be made is that whereby 
the minimum discontinuity of illumination occurs at the junction 
of the two images, namely when each image is supplying half its 
maximum intensity. This is tantamount to taking the edge of 
the pattern as occurring 3 db below the maximum intensity, and 
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Fig. 8 shows that this leads to an error (with respect to the 
calculated edge) of only 0-2 db in the case of curve (a) and 0-1 db 
or less in the case of the other curves. The edge-to-edge method 
of adjustment is therefore particularly well suited for use with 
the focal-plane formula. 


(6) OBSERVATIONS ON THE DISC SURFACE ; 
When the pattern from unmodulated grooves is observed with 
a telescope focused on the disc surface, a dark line running down 
the centre of the narrow luminous band is sometimes visible. 


Unmodulated 
groove 
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The length along the spiral of the curve AA’ is a function only 
of the intensity of illumination and the width of the slit, and 
therefore remains constant when the observed point G moves 
away from the centre of the pattern. This constant length of arc 
may then be considered as sliding along the spiral. The tangents 
at the two ends lie in directions defined by the extreme values of 
278/A at the two edges of the slit. In consequence, the length of 
the chord AA’, which represents the resultant, at first increases, 
as shown in Fig. 10(5), and then begins to decrease until, when 
G is at the calculated edge of the pattern and O at the edge of the 


Fig. 9.—Construction to determine intensity variation across an unmodulated-groove pattern; disc-surface viewing. 


This phenomenon is not predicted by a geometrical analysis, and 
an investigation into its cause indicates that the observed width 
of the band cannot be that calculated geometrically. 

If any narrow vertical slit is illuminated and viewed through a 
telescope whose aperture is limited by a further vertical slit, 
such a central black line can always be made to appear by 
defocusing the telescope to some particular extent. This de- 
focusing also arises in the observation of the light pattern from 
unmodulated grooves, because of the separation between the 
surface of the disc, on which the telescope is usually focused, and 
the focal plane of the disc in which the image of the light source 
is situated. 

In Fig. 9, OY, represents an arc centred on some point G 
within the calculated width of the light pattern on the disc and 
OY, is an arc centred on the image of the light source at F and 
touching OY, at O. The telescope. is focused on G, so that the 
illumination observed there can be considered as proportional 
to the square of the vector sum of the disturbances reaching OY,. 
Since these disturbances are in phase at F, and therefore also 
along OY>, the phase along OY, varies across the slit as 2773/A, 
where 6 is the separation between OY, and OY, and AJ is the 
wavelength of the incident light. The quantity 5 can be shown 
to be proportional to the square of the distance from O and the 
general form of the vector diagram for such a square law is the 
Cornu spiral. The part of the spiral to be used in any particular 
case is defined by the extreme values of the phase difference 
occurring at the two edges of the slit. Thus, when the observed 
point G is on the axis and a black line is observed, the practical 
dimensions involved are such that the path difference 5 has the 
value 7A/8 at each edge of the slit, so that the extreme phase 
difference is 77/4. The appropriate region of the spiral is then 
that. shown as a full line in Fig. 10(a). 


viewing aperture, it is again shorter than at the centre. Since 
the square of AA’ defines the intensity, these fluctuations indicate 
a region of low intensity at the calculated edge. If, for the central 
point, the extreme value of 5 is much less than about 7A/8, no 


Fig. 10.—Vector diagrams illustrating the occurrence of intensity 
variations across an unmodulated-groove pattern; disc-surface 
viewing. 


central minimum will be observed, whilst if it is much greater, 
several dark bands will occur across the width of the pattern. 
In all cases, however, the intensity decreases considerably before 
the calculated edge of the pattern is reached. 

This is shown in Table 1, which gives the ratio between the 
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THE CALIBRATION OF DISC RECORDINGS BY LIGHT-PATTERN MEASUREMENTS 


Table 1 
Smear Illumination Intensity at edge 
— at centre Maximum intensity 
db 

0-47 Maximum —9-5 
0-59 Maximum —7-8 
0-70 Maximum — 6-5 
0-80 Minimum —9-0 
0-88 Minimum —7-2 
0-98 Maximum — 6-9 


intensities at the calculated edge of the pattern and at the main 
maximum, for a number of values of 5,,,,,, including the value 
7A/8 shown in Figs. 10(@) and 10(6). The values given are com- 
puted from Tables of Fresnel integrals, the latter being the 
mathematical basis of the Cornu spiral. In contrast to the almost 
constant ratio of 3-6 db obtained for the focal-plane pattern of 
a modulated groove, the ratio here fluctuates over a range of 
3 db and is everywhere greater than 6db. When 46,,,, is 0-88A 
(i.e. 7A/8) the illumination at the centre of the pattern is 4-2 db 
below the maximum iniensity and, since this minimum is observed 
as a black line, it is fair to assume that the calculated edge-point, 
where the intensity is always more than 6 db below the maximum 
intensity, will lie beyond the observed edge of the pattern. 

The theoretical validity of eqn. (4) has not been investigated 
further, but the above consideration of the simple pattern, 
coupled with consistent errors found in actual results derived 
from eqn. (4), are considered sufficient justification for the 
adoption of focal-plane measurements and the use of eqn. (2). 


(7) PRACTICAL MEASUREMENT OF LIGHT PATTERNS 


The apparatus* shown in Fig. 11, which has been designed for 
quick and accurate measurement of light-pattern width, exploits 


Fig. 11.—Schematic of the disposition and function of optical elements 
in the measuring system. 
——-—— Optical paths. 


the compactness and simplicity of operation made possible by 
observation of the pattern on the focal plane. It incorporates 
the principle of the sextant, to eliminate a possible source of 
gross inaccuracy in previous methods which require the measure- 
ment of width by a graticule or a micrometer eyepiece in the 
viewing telescope. To blend the individual reflecting elements 
of a band of tone into a clearly defined pattern the disc must be 
rotated, and small deviations from perfect flatness in the disc 
surface then cause the pattern to oscillate horizontally. Thus, 
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any method of measurement which depends on the alignment of 
a stationary measuring line with the moving edge of the pattern 
is laborious and fatiguing and requires personal judgment. 

In the present apparatus this difficulty is overcome by producing 
two images of the pattern, movable with respect to each other 
in a horizontal direction. The width of the pattern is measured 
by the relative displacement of the two images necessary to cause 
the right-hand edge of one to coincide with the left-hand edge of 
the other. . This alignment is unaffected by oscillation of the 
pattern, since both images move together in an identical manner. 


Fig. 12.—Twin images adjusted for coincidence of the 500-c/s tone 
patterns. 
Tone-pattern frequencies: 
(a) 4 ke/s. 
(b) 3 kes. 
(c) 2 ke/s. 
(d) 1 ke/s. 


(j) 1 ke/s. 
(e) 500 c/s. 


Fig. 12 shows the appearance of the two patterns when adjusted 
for edge-to-edge coincidence of the 500-c/s bands. 

It has been pointed out in Section 5.2 that this method should 
also tend to provide coincidence at the theoretical edges of both 
patterns, owing to the tendency of the eye to judge coincidence 
on the basis of minimum discontinuity of intensity across the 
boundary between the two patterns. No such effect would be 
present in a system which entailed the alignment of, say, the 
hairline of an eyepiece with the edge of the pattern. Fig. 8 
shows that at high frequencies a wide variety of results might 
be so obtained, depending on the intensity of the light source 
and the observer’s threshold. 

The schematic of the new apparatus given in Fig. 11 shows a 
vertical section through its longitudinal plane of symmetry. 

Light from the lamp L, is reflected by the inclined plane 
mirror M, to the collimating mirror C. The collimated beam of 
light is limited in vertical extent by the slit S and passes above the 
prisms P, and P, and between the mirrors M, and M3, to the disc. 
It is shown below that, when a collimated light source is used, 
the focal plane (on which the light pattern is formed) is always 
the vertical plane through the centre of the disc, so that by 
moving the disc vertically all patterns, whether near or far-side, 
are brought to the same point for observation. 

The turntable is rotated at about 20 r.p.m., which is just 
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sufficient to merge the luminous elements of a 50-c/s band of tone 
into a continuous pattern. 

The two separable images are produced respectively by the 
prisms P, and P>, which reflect the light from the disc through 
a right angle, in a direction normal to the plane of the diagram. 
When the prisms are parallel, as in the plan view shown in Fig. 13, 


~ 


Direction of 
\ rotation 


~ 


bcs 


Fig. 13.—Plan view of the prism and telescope dispositions. 


ee! 


coincident images of the light pattern are observed in the tele- 
scope, while counter-rotation of the prisms about a vertical axis 
causes the two images to separate horizontally. The linear 
movements of the images can be made equal ang opposite if the 
prism P,, which is nearer to the pattern, is arranged to rotate 
slightly more rapidly than P}. 

When a correct edge-to-edge adjustment has been made, the 
separation of the two images is equal to the width of the light 
pattern and is measured by observation of a vernier scale system, 
V (Fig. 11). To read the scale the lamp L, is switched on and 
an image of the scale is formed by the mirror M; in the focal 
plane below the light pattern but still within the field of view of 
the telescope. Twin images of the scale, as of the light patterns, 
will then be seen, and their separation may be read off directly. 
The vernier is illuminated by light of one colour and the main 
scale by another, appropriate colour filters being inserted into 
the respective image paths via P, and P,. This allows the vernier 
to be seen moving across the scale without redundant and 
confusing duplicate images. 

The vertical spread of the collimated beam due to the length 
of the filament ~f L, allows some latitude in the inclination of the 
disc necessary to secure adequate reflection into the viewing 
system. The width of the collimated beam is the limiting width 
of patterns which may be measured and in the present apparatus 
this is 44 in, the diameter of the collimator. 

Since the incident light is collimated, and therefore comes from 
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a virtual source at infinity, eqns. (2a) and (24) simplify to the 
single equation 
rye 
°-8-s5 6 (3) 


where bg is the half-width observed on either the near or the far 
side, a is the half-width of the actual light source and / is the 
focal length of the collimator. 

It is thus possible for the apparatus to be direct reading for 
all bands above a certain width, depending on the radius, the 
accuracy required and the extent to which a can be reduced 
while maintaining an acceptable intensity. Moreover, when the 
light source is at infinity the distance, p,-of the focal plane from 
the disc becomes r/2 cos #. If @ = 45°, as is usually the case, 
cos 8 = 1/4/2so that p = r/(2 cos 45°) = rcos 45°. Butrcos 45° 
is the horizontal distance from the groove under consideration 
to the centre of the disc. Thus, when the light source is at infinity 
the focal plane, for any radius of the disc, always coincides with 
the vertical plane through the centre of the disc. 

This conclusion is, of course, based on the assumption that 
each groove is reflecting light only in the horizontal plane, but, 
in practice, rays are also reflected at angles above and below the 
horizontal. The pattern is therefore spread out vertically, 
which may cause successive patterns to merge into one another 
if they follow in sufficiently rapid succession on the disc. The 
effect may be serious with 17-in discs recorded at 334 r.p.m. 
when the fdcal plane is further from the surface of the disc than 
for 12-in discs, and when a band of given duration occupies less 
than one-half as many grooves as at 78 r.p.m. The vertical 
definition can easily be made sufficient to give clear separation of 
adjacent bands by stopping down the vertical aperture of the 
telescope with a mask having a }-in horizontal slit. 

In the above account the direction of movement of the disc 
and turntable assembly has been described as vertical. In a 
practical apparatus this entails the use of a lift- and counterweight 
system, which may be considered mechanically inconvenient. 
The construction may be simplified by rotating the entire 
apparatus through a right-angle about its longitudinal axis, when 
the disc, now clamped in a vertical plane, is required to move 
horizontally on some suitable carriage. The light emerging from 
the prisms then travels vertically upwards, so that the telescope 
may be used looking down into the apparatus; alternatively, a 
reflector inclined at 45° can be used to restore the direction of 
viewing to the horizontal. 


(8) ACCURACY OF MEASUREMENTS 
The freedom from error of the results obtained from light- 


pattern measurements can be established by three criteria of 
self-consistency : 


(a) The results obtained from near- and far-side observations of 
the same band should be identical. 

(b) The ratio between two different levels of the same frequency, 
as measured from their light patterns, should be identical with the 
ratio of the two voltages applied to the cutter-head, provided that it 
is justifiable to regard the recording process as linear. 

(c) Velocity ratios deduced from light-pattern measurements can 
be checked against ratios predicted from measurements of cutter- 
head voltage at various frequencies. 


Criterion (a) is necessarily true for directly recorded discs, where 
both the inside and the outside of the groove must carry the 
same modulation, but it is not necessarily true for pressings, 
where processing distortion may cause a difference between the 
two walls of the groove. The range of ievels which can be 
checked by criterion (4) is limited, since the pattern formed by 
a low-level medium frequency is, in fact, less sharp than the 
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pattern of equal width which is formed, with a typical recording 
characteristic, at a lower frequency. Criterion (c) constitutes 
more realistic conditions, for subject to two assumptions, various 
frequencies can be recorded at known relative velocities, similar 
to those specified by a typical recording characteristic. The 
necessary assumptions are, first, that the recording process is 
linear and, secondly, that equality of pattern width between 
adjacent bands of different frequency indicates equality of 
modulation velocity. As a preliminary, such an equaiity of 
pattern width is established by trial and error, using a variable 
attenuator in the recording chain, and the test disc is finally cut 
with the cutter-head voltages necessary to give the chosen 
recording characteristic. 

Of these methods of checking, (a) makes the fewest assump- 
tions, but will not indicate any error which affects near-side and 
far-side results equally. Methods (6) and (c) are useful only 
in so far as they provide clues to the nature of an error indicated 
by (a) or confirm an indication of correctness given by (a). 
Methods (4) and (c) are not, of course, proof against the remote 
possibility of equal and opposite non-linearities existing in the 
recording and measuring processes. 


(9) RESULTS 
Extensive measurements were made on three different 78-r.p.m. 
discs, which will be referred to as discs A, B, and C. 
On disc A three bands of 1-kc/s tone were recorded at the 
outside of the disc, and three similar bands at the extreme inside, 
each set corresponding to relative applied voltages of 0 db, 
—10 db and —20 db respectively. By virtue of its low recorded 
amplitude this latter band formed a pattern having a com- 
paratively diffuse edge. Its amplitude was, in fact, precisely 
equivalent to that obtained by recording a 10-kc/s tone at 0 db, 
to which curve (a) of Fig. 8 refers. 
Disc B was produced as a test of criterion (c) described in 
Section 8. As in disc A, two similar sets of bands were recorded, 
one at the outside and one at the inside of the disc, each set 
containing bands of 1-, 0-5-, 0-2- and 0-1-kc/s tone, and a 
further band of 0- 1-kc/s tone suitably attenuated to simulate the 
normal recorded level of 0-05 ke/s. 
Disc C was a multi-frequency test record covering the frequency 
range 10-0-05 kc/s, on which a careful independent pick-up 
calibration had been carried out. 
The results obtained with the telescope focused on the surface 
of the disc showed that, with the exception of the inside set of 
bands of disc A, the value of 5 in eqn. (4) was in every case 
greater when deduced from far-side readings than when deduced 
from near-side readings. For low velocities recorded near the 
outside of the disc the discrepancy became very large, exceeding 
4 db for the band of lowest velocity on disc A and 2 db for that 
of disc B. The extreme velocity ratios deduced from far-side 
measurements were found to be slightly greater than those 
predicted from voltage considerations, and those deduced from 
near-side measurements often greater by several decibels. 
Results obtained by measurements in the focal plane showed 
that there was still an unexplained tendency for higher values 
of b to result from far-side than from near-side observations on 
the pressing, disc C. The difference seldom exceeded 0-5 db, 
however, and there was no tendency for it to increase at low 
levels. The velocity ratios deduced from far-side measurements 
were equal to those deduced from near-side measurements to 
within 0-1 db for disc A, 0-2db for disc B and 0-5 db for 
disc C. Both ratios agreed closely with those predicted by 
voltage measurements or, in the case of disc C, with the pick-up 
calibration, the maximum discrepancies being 1 db for disc A, 
0-2 db for disc B and 0-6 db for disc C. 

Vo. 100, Part III. . 
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(10) CONCLUSIONS 


Section 9 summarizes some typical calibration results obtained 
by light-pattern measurements made with the telescope focused 
on the disc surface and the focal plane. These results show that 
a larger consistent error is obtained when measurements are 
made, in the traditional manner, with the telescope focused on 
the disc surface. This confirms the conclusions of the theoretical 
analysis of pattern formation given earlier in the paper. The 
observation of the patterns in the focal plane enables calibration 
accuracy to be attained with a very compact apparatus and the 
optical equipment involved is comparatively inexpensive. The 
telescope employed may be of low magnification and only one 
adjustment of focus is required, the focal plane being in the same 
position for all patterns irrespective of the radius of the reflecting 
grooves or the frequency recorded on them. The prisms and 
collimating mirror are normal products in which no unusual 
excellence of finish is required, and the compactness of the 
apparatus allows satisfactory intensities to be obtained with the 
use of ordinary light sources. The edge-to-edge adjustment is 
not affected by the oscillation of the pattern which arises from 
a lack of perfect flatness in the disc surface, and this eliminates 
an element of fatigue which was associated very strongly with the 
measurement when made by earlier methods. It has been found 
that a variety of operators can carry out consistent calibrations 
with the new apparatus in a comparatively short time. The 
introduction of the vernier scale system, by means of which 
pattern widths are measured, allows the apparatus to be made 
direct-reading if desired, the scale being engraved in suitable units. 

The analysis of the formation of interference patterns is of 
interest in demonstrating how such phenomena may affect the 
intensity at the edge of the pattern, this being of fundamental 
importance in any method of measurement. 
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(13) APPENDIX: THE FORMATION OF INTERFERENCE 
FRINGES 


(13.1) The Observed Interference Pattern 


Fig. 2 shows a typical series of far-side patterns, photographed 
on the focal plane in front of a multi-frequency tone disc. The 
broad fringes near the edge of the higher-frequency bands are 
almost black, while the narrower fringes towards the centre are 
coloured. When the disc is viewed with the telescope focused on 
its surface, the fringes are still distinguishable on the higher 
frequency bands but are less distinct than with the telescope 
focused on the focal plane. 
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The interference pattern observed is formed by the combina- 
tion of two distinct systems of fringes. The first of these is due 
to the path difference between the two pencils of light reflected 
in a given direction from each wavelength of modulation. Thus 
in Fig. 14(a) the pencil K’ is seen to represent a longer total path 
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Fig. 14.—Path differences creating interference fringes. 


(a) One cycle creating m-fringes. 
(b) Successive cycles creating /-fringes. 


from light source to image than does the pencil K. This path 
difference is governed by the amplitude, m, of the modulation, 
and these fringes will be referred to as ‘‘m’’ fringes. 

The second system is due to the path difference, at a point in 
the focal plane, between pencils reflected from successive cycles 
of modulation as shown in Fig. 14(6). Here the path difference 
is a function of the wavelength, /, of the modulation along the 


groove, and not of its amplitude, and the fringes will be referred 
to as “‘/’’ fringes. 


(13.2) The Mechanism of Formation of ‘‘rm’’ 


Consider the illumination at a point P, in the focal plane, 
corresponding to reflection from regions of modulation slope y 
less than the maximum modulation slope ¢. Fig. 15 shows that 
when P, is viewed through an aperture AA’, only light which is 
reflected from a small region XX’ on the groove is accepted. 
The illumination at P,, due to light reflected from any one wave- 
length of the modulation, situated within the region XX’, can 
be found by the construction in Fig. 16. 

The arcs R and R’ are hypothetical sections of the unmodulated 
groove, turned through an angle y, which touch the modulated 
groove at B and B’ respectively, the points of modulation slope Y 
which lie on either side of the inflection point S. The resultant 
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Fig. 15.—Effect of viewing aperture on the extent of the reflecting 
groove. 
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Fig. 16.—Construction to determine resultant intensity across the focal 
plane due to one wavelength of modulation. 


disturbances reaching P,, from regions of the groove around B 
and B’ may be found by vector summation with respect to the 
constant-phase arcs R and R’. These resultants will have phases 
corresponding to reflection from some nearby equivalent pints 
C and C’. The illumination observed at P,, due to reflection 
from this one wavelength of modulated groove is therefore a 
maximum or minimum according to whether the path length 
from light source to P., via C’ exceeds that via C by an even or 
an odd number of half-wavelengths of light. 

As y decreases the points B and B’ move away from the 
point S. The path differences involved thus increase with 
decrease of yy, slowly at first and then more rapidly. This 
accounts for the observed decrease in the spacing of the fringes 
towards the centre of the pattern. As the wavelength of the 
modulation is increased a condition is reached in which the two 
interfering portions of each wavelength are within distance XX’ 
of each other only for large values of y. Only the first few 
fringes are, then realized, and this is the condition observed 
for frequencies around 1 kc/s. At still lower frequencies the 
physical separation of the interfering portions exceeds XX’ 
before y is sufficiently small to give the first minimum, and the 
fringes disappear altogether. 

When the wavelength of the modulation is sufficiently small 
for two or more cycles to lie within the region XX’, the possibility 
occurs of interference between contributions from successive 
individual cycles, and the resulting system of fringes is described 
below. 
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THE CALIBRATION OF DISC RECORDINGS BY LIGHT-PATTERN MEASUREMENTS 


(13.3) The Mechanism of Formation of “‘I’’ Fringes 


When considering interference between disturbances from 
meighbouring cycles of modulation it is convenient to compound 


The equivalent points of all adjacent cycles will be 
separated by a distance equal to the modulation wavelength /. 
The actual groove may then be icplaced by an equivalent un- 
modulated groove whose surface absorbs light completely except 
at infinitesimal elements, spaced along it at intervals of length /, 
which scatter light uniformly in all directions. In Fig. 17 let 


P Po 


Fig. 17.—Construction to determine resultant intensity across the focal 
plane due to successive wavelengths of modulation. 


two successive scattering elements Z, and Z, each be joined to 
P, and P,, so that the angles PoZ,P,, and PoZ,P,, are both equal 
to 2y. An arc centred on Po and passing through Z, cuts Z,Po 
at T, and an arc centred on P, and passing through Z, cuts 
Z,P,, at U. Since Po is an image ‘point the path difference in the 
incident paths to Z, and Z, must be equal and opposite to the 
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difference Z,T between the reflected paths Z,P, and Z,Pp. 
reflected path difference Z,U between Z,P,, and Z,P, Bn 
with the incident-path difference (equal to Z,T) then gives a total 
path difference at P, of (Z,U + Z,T). The two arcs intersect at 
an angle 2y, so that. 


(Z,U + ZT) = 2yl=G 


where G is the path difference for light reaching P, from suc- 
cessive elements. The illumination at P., is a maximum when- 
ever G equals nA, where the integer 1 defines the order of the 
fringes. If there are N wavelengths of modulation simultaneously 
concerned, the illumination falls to zero for a change of A/N in 
the value of G. Thus at high recorded frequencies, where the 
value of N is large, the maxima become narrower and the fringes 
are more sharply defined. 


(13.4) Combination of “rm” and “?’’ Fringes 


The m-fringes may be considered as “‘modulating” the 
I-fringes, since only such illumination as reaches P, from the 
individual wavelengths is available to form the corresponding 
l-fringes. The range of wavelengths present in white light 
causes overlapping of high-order fringes, which merge to give 
virtualiy uniform illumination. Consequently, at the centre of 
the pattern it is the low-order /-fringes which are observed 
rather than the high-order m-fringes. Nearer the edge of the 
pattern, however, the first-order m-fringe is usually visible and 
l-fringes will be seen beyond this only if they are of sufficiently 
low order. The visibility of the /-fringes will, therefore, be 
greatest at high frequencies, where they are themselves widely 
spaced, and at low levels, where the m-fringes are formed towards 
the centre of the pattern. Fig. 2 shows the pattern formed by 
a disc which is recorded with a low velocity (approximately 
2 cm/sec) in the higher frequencies. The locus of the first-order 
m-fringe is visible as a thick black band running in a pyramid 
from the outer edge of the lower patterns to a point nearer 
the middle of the upper patterns. The /-fringes are clearly 
visible outside this pyramid in the higher-frequency bands. 
At still lower levels, which are fortunately lower than those 
likely to be encountered on a tone disc, the /-fringes are even 
more strongly marked at the edge of the pattern, making the 
measurement of width difficult. 


~ 
ee | 
eee 
the disturbances from each cycle into a single resultant which is 
represented in phase by a ray reflected from some equivalent 
; ee 
2y 
V 
- Z; ‘ 
: a Py 
Las 
. ie 
, ee 


Rae Oe PCR CAE Re Ie ML SENG She Brn GMT ote, 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


THE INCORPORATION OF THE SOCIETY 


The original Constitution of the Audio Engineering Society con- 
tained a section calling for the incorporation of the Society when its 
membership had reached 500. Because of legal difficulties it was not 
possible to incorporate at the time called for but by modifying the 
Constitution in the few places required to bring it into conformity 
with the requirements of the laws of the State of New York, it then 
became possible to incorporate. 

As is the usual procedure in the forming of a corporation, a Com- 
mittee of Incorporators was formed composed of the following officers 
and governors: C. J. LeBel, Richard H. Ranger, Walter O. Stanton, 
and R. A. Schlegel. This group officially adopted the by-laws at an 
organization meeting held on June 6, 1956. Upon legal approval of 
these by-laws the Audio Engineering Society became a nonprofit 
membership corporation. 

Most scientific and other professional societies today are organized 
as membership corporations in order to help protect the membership 
from individual liability. 


BY-LAWS 
AUDIO ENGINEERING SOCIETY, INC. 


ARTICLE I 
Name and Corporate Seal 


Section 1. The name of this organization shal! be the Audio Engi- 
neering Society, Inc. 

Section 2. The corporate seal shall have inscribed thereon the name 
of the Society, the year of its organization and the words “Corporate 
Seal, New York.” Said seal may be used by causing it or a facsimile 
thereof to be impressed or affixed or reproduced or otherwise. 


ARTICLE II 
Regional Groups 


When the establishment thereof shall be authorized by the Board 
of Governors of the Society, geographical groupings of members shall 
be known as Regions of the Audio Engineering Society, Inc., local 
organized groups of members shall be known as Sections of the Audio 
Engineering Society, Inc., and Sections composed exclusively of stu- 
dents be known as Student Sections of the Audio Engineering Society, 
Inc. 


ARTICLE Ill 
Membership 


Section 1. The membership shall be made up of individuals who 
have an academic degree, or its equivalent in scientific or professional 
experience in the field of audio engineering and its allied arts, and 
who are familiar with the application of engineering principles and 
data, in connection with machines, equipment and processes affecting 
property related to the field of audio engineering and allied engineer- 
ing fields, such as consultation, investigation, evaluation, planning, 
design and responsible supervision, for the purpose of advancing, im- 
proving, and increasing scientific knowledge in the field of audio engi- 
neering and allied arts. 

Section 2. The membership of the Society shall consist of: 

(a) Honorary Members: A person of outstanding repute and emi- 
nence in the science of audio engineering or any of its allied arts, may 
be elected to Honorary Membership by the Board of Governors and 
thus become entitled to all the rights and privileges of the Society. 

Honorary Membership: Candidates for election to Honorary Mem- 
bership in the Society shall be proposed in writing by a member. 
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Such proposal shall include a brief professional biography of the 
candidate and the endorsement of ten members, and shall be sub- 
mitted to the Board of Governors for consideration. If elected, the 
candidate shall be so notified by the Secretary. The Board of Gover- 
nors will confer the Honorary Membership in such fashion as it shall 
deem appropriate. 

(b) Fellows: A member who has rendered conspicuous service, or 
is recognized to have made a valuable contribution to the advance- 
ment in or dissemination of knowledge of audio engineering, or the 
promotion of its application in practice, may be elected a Fellow of 
the Society. 

Fellowship: Candidates for election to Fellowship in the Society 
shall be proposed in writing by a member. Such proposal shall in- 
clude a brief professional biography of the candidate and the en- 
dorsement of five members, and shall be submitted to the Board of 
Governors for consideration. If elected, the candidate shall be so 
notified by the Secretary. The Board of Governors will confer the 
Fellowship in such fashion as it shall deem appropriate. 

(c) Members: Any person active in audio engineering who meets 
the requirements hereinbefore set out in Section 1 herein shall be 
eligible for election to Membership in the Society and upon election 
shall be entitled to all the rights and privileges of the Society. 

Membership: Candidates for election to membership shall make 
application in writing to the Admissions Committee on such forms 
as shall be provided. Upon acceptance by the Admissions Committee 
the candidate shall be so notified by the Secretary. 

Section 3. Those persons who were formerly honorary members, 
fellows, and members, in good standing, of the unincorporated Society 
shall become members of the incorporated Society and the Secretary 
shall so notify them. 

Section 4. Society members are authorized to use the following 
abbreviations or symbols indicating their grade of membership: 

Honorary Member: H.A.ES. 


Fellow: F.A.ES. 
Member: M.A.ES. 
ARTICLE IV 
Affiliates 


Section 1. Any person, corporation or organization interested in 
audio engineering and the objects of the Society may become affili- 
ated with the Society. Affiliates shall comprise the following: 

(a) Associates: Any person interested in the objectives of the 
Audio Engineering Society, Inc. shall be eligible for appointment as 
an Associate of the Society and shall upon such appointment become 
entitled to all the rights and privileges of the Society, except the 
right to vote or to hold any office or chairmanship of standing com- 
mittees. 

(b) Students: A student interested in audio engineering and en- 
rolled in a recognized school, college or university shall be eligible 
for appointment as a Student affiliate of the Society and shall upon 
such appointment become entitled to all the rights and privileges of 
the Society, except that he shall not be eligible to vote, hold any 
office, or membership on committees, provided, however, a student 
shall be eligible for membership on committees of his own local stu- 
dent chapter. Students may retain their status in that grade during 
absences from academic training which do not exceed one year in 
duration, but may not continue in that grade longer than one year 
following graduation or resignation from the educational institution. 

Persons interested in becoming Associates or Student affiliates of 
the Society shall make application in writing to the Society for ap- 
pointment on such forms as shall be provided. The Admissions 
Committee shall be in charge of all such applications and upon ac- 
ceptance the applicant shall be so notified by the Secretary. 
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(c) Sustaining Organization: Any person, corporation or organi- 
zation annually contributing substantially to the Society shall be 
eligible for appointment as a Sustaining Organization of the Society 
and upon such appointment shall become entitled to all the rights 
and privileges of the Society except that they shall not be eligible 
to vote, hold any office, or membership on committees. 

Upon acceptance, by a majority vote of the Board of Governors, 
of a substantial contribution to the Society by any person, corpora- 
tion, or organization, the status of Sustaining Associate shall be con- 
ferred upon said contributor. 

Section 2. Any person, corporation or organization that was for- 
merly an associate, student or sustaining member in good standing 
of the unincorporated Society shall become affiliated as an Associate, 
Student or Sustaining Organization, respectively, of the incorporated 
Society. The Secretary shall so notify them. 

Section 3. Affiliates of the Society are authorized to use the follow- 
ing abbreviations or symbols indicating their grade. 

Associate: AA.ES. 
Student Affiliate: S.A.E.S. 


ARTICLE V 
Dues 
Section 1. The annual Dues of the members shall be as follows: 
Honorary Member — None 
Fellow — $7.50 
Member — $7.50 

Section 2. Annual dues shall be payable in advance and shall be- 
come due and payable on the 31st day of October of each and every 
year. A bill for such annual dues shall be mailed to members at 
least 30 days before the due date. New members admitted after the 
last day of April in any year shall be required to pay one-half of 
the amount of the then current annual dues as their dues for the re- 
mainder of the year. A membership card shall be mailed to the 
member upon receipt of dues. 

Section 3. When a member's dues are two months in arrears, a 
second bill shall be mailed; when a member’s dues are three months 
in arrears, a final bill shall be mailed. When a member’s dues are 
four months in arrears, his membership shall be terminated. Any 
membership so terminated may be resumed on payment of all dues 
in arrears, or on payment of dues for the current year and a rein- 
statement fee equal to one year’s dues. 

Section 4. Any member who resigns in good standing may resume 
his membership, subject to approval of the Board of Governors, 
upon payment of dues for the current year. 

Section 5. Dues from members of Local or Regional Sections shall 
be distributed between the Society and Local or Regional Groups or 
Sections in manner and proportion as shall be established by a major- 
ity vote of the Board of Governors. 

Section 6. Any member entering. temporary military service may, 
upon request, have his membership placed in an inactive status for 
such time as he shall remain in temporary military service. Upon 
completion of such service such member may resume his membership 
by payment of the then current dues, and shall then receive the 
papers of the Society accumulated during his inactive status. Failure 
to restore his membership to an active status within six months after 
completion of such temporary military service shall cause the said 
membership to be terminated. 

Section 7. Assessments upon members shall be made only upon 
resolution of the Board of Governors, approved by a majority of 
votes cast by the members. 


ARTICLE VI 
Section 1. The annual dues of affiliates shall be as follows: 
Associate — $6.00 
Student Affiliate — $3.00 
Section 2. The provisions of Sections 2-6, inclusive, of Article V 
shall be applicable to the dues of affiliates and to the termination, 
resignation, and reinstatement of affiliate status. 


179 


Section 3. Assessments upon affiliates shall be made only upon 
resolution of the Board of Governors, approved by a majority of 
votes cast by the members. 


ARTICLE VII 
Board of Governors 


Section 1. The governing body of the Society shall be known as 
the Board of Governors, which shall consist of the President, Execu- 
tive Vice President, Regional Vice Presidents, Secretary, Treasurer, 
and six Governors (all of whom shall be elected by the membership) 
the most recent Past President, and the Editor. 

Section 2. The term of an elected Governor shall be for two years 
and until his successor is elected and qualifies; no Governor shall 
succeed himself in office except that a person appointed to fill a 
vacancy shall be eligible for election to the next succeeding term. 
Each year of a term of office of any Governor shall begin with the 
meeting of the Board of Governors at its annual meeting and ter- 
minate with the meeting of the Board of Governors at its following 
annual meeting. 

Section 3. No Governor shall receive, directly or indirectly, any 
salary, compensation or other emolument from the Society as such 
Governor or in any other capacity unless authorized by resolution 
enacted by a majority vote of the Board of Governors, approved by 
a majority vote of the members. 

Section 4. Meetings of the Board of Governors may be held at 
such times as are necessary to carry on the functions of the Board 
of Governors on suitable written notice to all members of the Board 
of Governors. 

The annual meeting shall be held immediately before or after the 
annual meeting of the Society. 

Regular meetings of the Board of Governors shall be held in New 
York City once each month except during July and August. 

The time or place of a regular meeting of the Board of Governors 
may be altered or cancelled by a majority vote of the Board of Gov- 
ernors. Special meetings of the Board of Governors may be called 
by the President or by any three members of the Board of Governors 
on written notice to all other members not less than 10 days before 
the dates of the special meetings. 

In the event that all the members of the Board are in attendance 
at a special or regular meeting, the Board may vote to waive the 
requirement of notice of meetings. 

Section 5. Seven members of the Board of Governors shall con- 
stitute a quorum. 

Section 6. The President shall preside at the regular meeting of the 
Board of Governors. 

Section 7. Vacancies in the Board of Governors, including initial 
vacancies created by the By-laws, shall be filled by appointment 
made by the remaining Governors, though less than a quorum. Each 
person so appointed to fill a vacancy shall remain a Governor until 
his successor has been elected by the members and duly qualifies. 
In the case of initial vacancies the appointee’s term of office shall 
terminate at the next annual meeting of the Board. 

Section 8. The Board of Governors shall have power to retain 
General Counsel as required, and to appoint an Editor who shall 
serve for a term of one year and until his successor is appointed and 
qualifies. 

Section 9. The Board of Governors shall have the power to fill 
any vacancies in any corporate office, occurring for any reason what- 
soever. Each person so appointed to fill a vacancy shall remain an 
officer until his successor is elected by the members and duly qualifies. 

The Board is also empowered to appoint as officers those persons 
who were officers of the unincorporated Society at the time of 
incorporation. Such appointees shall serve until the next annual 
meeting of the Board of Governors. 

Section 10. The Board of Governors may delegate to an Execu- 
tive Committee the power to execute the policies of the Society as 
determined by the Board of Governors. 
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ARTICLE VIII 
Officers 


Section 1. The corporate officers of the Society shall be the Presi- 
dent, Executive Vice President, Secretary, and Treasurer. 

Section 2. The term of office of President and Executive Vice 
President shall be for one year and until his successor is elected and 
qualifies. 

Section 3. The term of office of Secretary and Treasurer shall be 
for one year and until his successor is elected and qualifies. 

Section 4. With the exception of the Secretary and Treasurer, no 
officers shall be eligible to succeed himself in office except that a 
person appointed to fill a vacancy shall be eligible for election for 
the next succeeding term. 

Section 5. Each year of a term of office of any officer shall begin 
with the meeting of the Board of Governors at its annual meeting 
and terminate with the meeting of the Board of Governors at its 
following annual meeting. In case of vacancies being filled by the 
Board such appointee shall serve until his successor is elected by the 
members and duly qualifies. 

Section 6. No officer shall receive, directly or indirectly, any salary, 
compensation or other emolument from the Society as such officer or 
in any other capacity unless authorized by resolution enacted by a 
majority vote of the Board of Governors, approved by a majority 
vote of the members. 

Section 7. Duties of Officers: 

The President shall be the chief executive officer of the Society. 
He shall have general and active management of the business of the 
Society subject to the supervision and direction of the Board of 
Governors, and shall see that all orders and resolutions of the Board 
are carried into effect. The President shall also preside at the Regu- 
lar meetings of the Society or the Board. 

The Executive Vice President shall assume the duties of the Presi- 
dent in his absence or incapacity and shall otherwise assist the Presi- 
dent. 

The Secretary shall be responsible for the recording of the minutes 
of the annual meeting of the Society and all meetings of the Board 
of Governors, and shall have charge of the records and books of 
account of the Society. He shall also conduct the correspondence of 
the Society and the Board of Governors. 

The Treasurer under direction of the Board of Governors shall 
generally supervise the financial affairs of the Society, and shall cause 
all funds received by the Society to be deposited in an account or 
accounts designated by the Board of Governors, requiring the signa- 
ture of at least two of the following for withdrawal: President, Vice 
President, Secretary, Treasurer. 


ARTICLE IX 
Meetings of Members 


Section 1. There shall be an annual meeting of the Society during 
September, October, or November of each year. 
Section 2. Special meetings of the Society may be called by the 
President on 10 days written notice. 
Section 3. Order of Business. At each annual meeting of the Society 
the general order of business shall be as follows: 
(a) Remarks or address of President 
(b) Report of Secretary 
(c) Report of Treasurer 
(d) Report of Committees 
(e) Results of Elections 
(f) Unfinished Business 
(g) New Business 
Established Rules of Procedure as will permit facility and decorum 
shall govern all meetings of the Society. 


ARTICLE X 
Committees 


Section 1. Executive Committee: This Committee shall execute the 
policies of the Society as determined by the Board of Governors. It 
shall consist of all elected officers and the Chairmen of the various 
standing committees. 


Section 2. Chairmen of the following committees shall be appointed 
by the President with the consent and approval of the Board of 
Governors. 

(a) Nominations 
(b) Convention 
(c) Admissions 
(d) Membership 
(e) Finance 
Papers Procurement 
Public Relations 
Cooperative Research 
Standards 
Awards 
Educational Standards 
Laws and Resolutions 
(m) Sections 
(n) Test and Demonstration Records 
(o) Lecture Course 
(p) Employment Register 
(q) Historical 

Such other Chairmen of committees relating to any of the sub- 
divisions or branches of audio engineering or its allied arts or sciences 
as the Board of Governors shall from time to time find necessary or 
desirable. 


In the case of the Nominations, Admissions, and Finance Commit- 
tees, the Chairman of each such committee shall be chosen from the 
membership of the Board of Governors. 

All officers shall be ex officio members of the foregoing committees. 

Section 3. The duties of these committees shall be as defined by the 
Board of Governors. 


ARTICLE XI 
Election of Officers and Governors 


Section 1. A Nominating Committee appointed as provided herein 
and consisting of at least ten members, including one member from 
each Section, shall at least 90 days prior to the date fixed by the 
Board of Governors for the annual election of officers and governors, 
notify all members of such election and the Committee’s nominations 
for the offices to be filled. Any member in good standing, by letter 
to the Secretary not less than 60 days prior to the election date may 
propose a candidate, and the name of any eligible candidate so pro- 
posed by ten members shall be entered on the ballot. 

Section 2. Elections shall be by mail ballot which shall be mailed 
to every member in good standing at least 30, but not more than 35 
days, prior to the election date. The votes shall be canvassed by a 
Board of Tellers consisting of no less than 5 members in good stand- 
ing, appointed by the Board of Governors. The Board of Tellers 
shall vote the ballots in accordance with the members’ choice indi- 
cated thereon. The results of the election shall be reported by the 
Chairman of the Board of Tellers to the Board of Governors within 
20 days of the election date, and to the Society at the annual meeting 
next after the election date. 

Section 3. With the exception of the Editor, who shall be ap- 
pointed by the Board of Governors, and the most recent past Presi- 
dent who shall be a member of the Board of Governors, all officers 
and governors shall be elected by the members as provided in this 
Article. 
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ARTICLE XII 
Amendments to By-Laws 


Section 1. These By-laws may be amended as follows: 

On Resolution proposed by the Board of Governors or on Petition 
of twenty-five members of the Society and after approval as to 
legality by counsel, the proposed amendment, or amendments or 
copies thereof shall be mailed together with a letter ballot to each 
member. 

Section 2. The Amendment Ballot shall be mailed to every member 
in good standing at least 30 days but not more than 35 days prior 
to the date fixed by the Board of Governors for the election, to- 
gether with written notice of the final date for its return to the 
Society. 

Section 3. The Board of Governors shall count all votes within 30 
days of the election date, and if two-thirds of all votes cast are in 
favor of the amendments, the amendment shall become part of the 
By-laws, and shall take effect 30 days after its adoption. 

Section 4. As soon as may be practicable after adoption, copies of 
the amendment shall be distributed to all members. 


ARTICLE XIII 


Regional, Local, or Sectional By-Laws 
Sections and Student Sections shall be governed by 


Section 1. 
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By-laws substantially similar in scope and in form to the By-laws 
of the Society with such other provisions as are not inconsistent 
with them. 

Section 2. The By-laws of such sections and Student Sections 
shall be approved by counsel, the Law and Resolution Committee, 
and the Board of Governors before authorization is granted. 

Section 3. No Sections or Student Sections or any persons thereof 
shall enter into any contracts in the name of the Society or use the 
name of the Society in dealings with others without the written 
consent and authorization of the Board of Governors. 


ARTICLE XIV 
Assets 


All interests of each member and affiliate in the assets belonging to 
the Society shall ipso facto immediately cease and determine in the 
event that the membership or affiliation of such person, corporation, 
or organization in the Society shall terminate for any reason except 
through the dissolution of the Society. In the event of such ter- 
mination, such member or affiliate shall have no claim on account 
of such assets against the Society or against the other members or 
affiliates, or any of them. 
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Information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers orig- 
inally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering Society 
Conventions or for publication in the Jour- 
NAL OF THE AES. In rare instances, excep- 
tions may be made by the Convention and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the Jourmat. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free and clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or THE AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
JouRNAL. 

Permission to reprint—in whole or in part 
—papers originally published in the Journat 
or THE AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 

Multiple bylines. If the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 
as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
forth. 

Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 
given as follows: name, number of the patent 
(U. S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 

Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not neglect 
to give the meanings of all symbols used. 

Captions for illustrations. A caption— 
properly identified—should be supplied for 
each illustration and a legend for ezch chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper. 

Photographs. All illustrative miaterial 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. x 10 in. glossy 
prints. Since extremely fine detail tends to 
be obscured in all reproduction processes, it 
is often advisable to include a separate pic- 
ture—ie., a “closeup”—of any highly signifi- 
cant detail, in addition to the general view 
which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies submitted) 
should preferably be original drawings in 
India ink on white paper or on tracing paper, 
8% in. x 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 

Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
X 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered onto curves 
and sketches. On the other hand if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail one copy of your manu- 
script to the Convention Chairman. This 
copy is for scheduling and publicity pur- 
poses. Please mail all other copies of your 
manuscript to the Secretary at the Society's 
Office. 
each ck teey’ of Oe sine oh & 
accompanied by the reproduction copies of 
your illustrative material (the editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 
ance during oral delivery. 

Demonstrations. Demonstrations always 
add interest. They should be set up well in 
advance of the particular session for which 
they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. Photographs, diagrams, 
charts, and curves intended to accompany 
oral delivery should be in the form of stand- 
ard American lantern slides (3% in. x 4 in.) 
or 2 in. x 2 in. transparencies. The long 
dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. x 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the pro- 
portions or overall dimensions of 7 in. x 10 
in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. x 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1%4 to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—'4 point or 0.007 in. 

For reference lines—i point or 0.014 
in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of the slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950 


Mailing address: Audio Engineering Society, P.O. Box 12, Old Chelsea Station, New York 11, N. ¥. 
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SUSTAINING ORGANIZATIONS 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Artec LANsING CorporATION 
AMPEX CorPoRATION 

Aupio 

Aupio Devices, Inc. 


Beit Sounp Systems Division, 
THomMpsON Propucts, INc. 


BarrisH INpustrics CorporRATION 

Caprrot Recorps, INc. 

Co_umsiA Recorps, INc. 

ComMPONENTS CORPORATION 

DicTaPHONE CorPoRATION 

Famcuitp Recorpinc EquirpMENT CorporaTION 
Harvey Rapio Company, Inc. 

HicH Fiweuity, AupIocraFT 

INSTITUTE OF HicgH Fimeu”rry MANUFACTURERS, INC. 
James B. LANsinc Sounp, INc. 

McIntosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

OBERLINE, INc. 

PEeRMOFLUX CORPORATION 

Pickerinc & Company, INc. 

Reeves Sounp Stupios, Inc. 

Reeves SoUNpDcRAFT CoRPORATION 

Rex-O-Kut Company 

Suure Broruers, INc. 
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